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This  invention  relates  generally  to  telephone 
conferencing  circuits,  and  more  particularly  to 
telephone  conferencing  circuits  employing  digital 
techniques  and  wherein  each  participant 
(conferee)  receives  the  digital  signals  from  the 
two  loudest  of  all  the  other  participants 
(conferees). 

Conferencing  circuits  are  well  known  in  the  field 
of  telephony.  In  general  terms,  a  conference 
circuit  is  a  circuit  for  allowing  three  or  more 
participants  (or  conferees)  to  talk  to  one  another 
at  the  same  time.  Early  conference  circuits, 
employed  in  analogue  telephone  systems, 
provided  conferencing  by  summing  all  the  signals 
of  all  the  participants  and  transmitting  this 
resultant  signal  to  all  the  conferees,  with  t h e  
exception  of  the  talker  who  received  the  resultant 
signal  minus  his  own  signal.  As  telephone 
technology  advanced  into  the  world  of  digital 
techniques,  simple  summing  and  subtracting  no 
longer  provided  an  easy  solution  to  the  problem 
of  conferencing. 

Some  prior  art  approaches  to  conferencing  with 
digital  techniques  were  simply  to  convert  the 
digital  signals  to  analogue  signals,  perform  an 
analogue  conferencing,  and  re-convert  the 
resultant  analogue  conference  signal  into  a  digital 
signal.  One  example  of  such  an  approach  is 
shown  in  U.S.  patent  No.  3,970,797  dated  July  20, 
1976  to D.  A.  Johnson  and  Wm.  C.  Towle.  It  is, 
however,  cumbersome  to  conference  in  this 
manner  if  it  is  possible  to  conference  directly  in 
digital  format.  Additionally,  the  converting  to 
analogue  and  reconverting  to  digital  adds 
distortion  to  the  signals  involved. 

An  improvement  over  the  analogue  summing 
of  signals  for  conferencing  is  to  do  the  summing 
directly  with  digital  signals.  Since  the  digital 
signals  are  commonly  not  linear,  but  rather  are 
non-linearly  Pulse  Code  Modulated  (PCM),  it  is 
necessary  to  first  linearize  the  digital  signals,  add 
them,  and  then  re-code  (all  the  while  remaining  in 
the  digital  domain).  U.S.  Patent  No.  3,924,082 
dated  December  2, 1975  to  S.  E.  Oliver  and  N.  R. 
Winch  and  U.S.  Patent  No.  4,190,744  dated 
February  26,  1980  to  R.  J.  Franck  described  two 
such  systems. 

A  further  modification  in  conferencing  circuits 
is  to  provide  a  digital  conferencing  circuit  which 
performs  the  conferencing  function  directly  using 
the  coded  digital  signals.  U.S.  Patent  No. 
4,007,338  dated  February  8,  1977  to  D.  W. 
McLaughlin,  U.S.  Patent  No.  4,031,328  dated  June 
21,  1977  to  S.  G.  Pitroda,  and  U.S.  Patent  No. 
4,224,688  dated  September  23,  1980  to  C.  A. 
Ciancibello  and  E.  A.  Munter,  to  mention  just  a 
few,  all  depict  such  a  conferencing  circuit.  In 
circuits  of  this  type  each  conferee  receives  one 
PCM  word,  which  word  is  judged  the  largest  (i.e. 
loudest)  from  all  the  other  conferees. 

U.S.  3,970,797  describes  a  conferencing  system 
for  continuous  delta  modulation  techniques  in 
which  digital  signals  from  all  channels  are 

detected,  and  from  these  detected  digital  signals 
a  determination  is  made  of  those  which  represent 
channels  in  a  talking  state.  On  a  priority  basis, 
three  of  the  channels  in  a  talking  state  are 
selected  and  the  signals  from  those  three 
channels  are  summed  using  an  analog 
conference  bridge.  Thereafter,  for  the  three 
chosen  channels,  the  channel's  own  signal  is 
subtracted  from  the  sum,  and  then  either  the  sum 
of  three  signals  or  the  sum  of  three  signals  less 
one  channel  signal  is  transmitted  in  digital  form. 

IBM  Technical  Disclosure  Bulletin,  Vol.  17,  No. 
10,  March  1975  on  pages  2967  and  2969  in  an 
article  entitled  "Digital  Conference  Network  for 
Companded  Modulation  Telephone  Switching 
Systems"  by  A.  H.  Assimus  and  H.  Litchendorf 
describes  a  digital  conference  circuit  for  use  with 
a  companded  delta  modulation  system.  In  this 
system  the  conferencing  is  accomplished  by 
dedicating  the  digital  voice  path  to  a  single  source 
at  any one  instant  and  to  switch  that  path  as  other 
voice  sources  (talkers)  are  recognized.  In  one 
example,  the  current  and  immediately  previous 
speakers  are  identified  and  connection  is 
established  between  them  and  other  conferees 
such  that  the  other  conferees  hear  the  current 
speaker  while  he  is  connected  to  the  previous 
speaker.  In  another  example,  the  loudest  conferee 
is  connected  to  the  second  loudest  conferee  with 
the  remainder  of  the  conferees  hearing  the 
loudest. 

In  simplified  terms,  the  present  invention 
provides  a  conference  circuit  by  monitoring  the 
magnitude  of  the  PCM  words  received  from  each 
conferee,  and  transmitting  to  each  conferee,  the 
"loudest"  and  the  second  "loudest"  PCM  words 
(i.e.  the  two  "loudest"  PCM  words)  from  all  the 
other  conferees  (i.e.  from  all  the  PCM  words 
excluding  the  conferee's  own  PCM  word).  The 
choice  of  the  two  "loudest"  PCM  words  is  based 
upon  calculated  loudness  codes  which  are 
derived  from  the  absolute  magnitudes  of  the  PCM 
words  in  each  conferee's  time  slot  (or  channel).  In 
the  preferred  embodiment  of  the  present 
invention,  the  approximate  absolute  magnitudes 
of  the  two  "loudest"  PCM  words  is  also  deter- 
mined  and  a  predetermined  amount  of  attenua- 
tion  (which  may  be  zero)  is  inserted  into  the  PCM 
samples  prior  to  their  transmission  to  the  other 
conferees. 

Some  advantages  of  the  present  conference 
circuit  are  that  it  improves  the  interrupting  cap- 
ability  of  a  conference  connection.  Since  the 
present  conference  circuit  transmits  the  PCM 
words  from  the  two  "loudest"  conferees,  when  a 
first  conferee  is  talking  he  can  hear  a  second 
conferee  attempting  to  interrupt  him  while  the 
second  conferee  can  still  hear  the  first  conferee, 
and  while  all  the  other  conferees  can  hear  both 
the  first  and  second  conferees.  Another  feature  of 
the  present  invention  is  the  capability  of  cascad- 
ing  conference  circuits  of  the  present  invention 
since,  when  only  one  conferee  is  talking,  his 
signal  is  not  attenuated. 

Stated  in  other  terms  the  present  invention  is  a 



conference  circuit  for  connection  in  a  digital 
telephone  system  between  a  first  TDM  (time 
division  multiplex)  bus  for  carrying,  in  N  distinct 
time  slots  of  each  frame,  PCM  (pulse  code 
modulation)  words  to  said  conference  circuit,  and 
a  second  TDM  bus  for  carrying,  in  N  distinct  time 
slots  of  each  frame,  PCM  words  from  said 
conference  circuit,  for  establishing  a  conference 
connection  between  N-conferees,  wherein  N  is  a 
positive  integer,  3:sN,  said  conference  circuit 
comprising:  memory  means  for  storing  the  N 
PCM  words  received  on  said  first  TDM  bus  during 
said  N  time  slots;  means  for  excluding  for  each 
conferee  the  PCM  word  originating  from  said 
conferee;  means  for  choosing,  for  each  conferee, 
two  PCM  words  from  the  remaining  PCM  words 
stored  in  said  memory  means,  and  means  for 
summing  two  chosen  PCM  words  and  for  apply- 
ing  the  resultant  PCM  sum  word  to  said  second 
TDM  bus. 

Stated  in  yet  other  terms,  the  present  invention 
is  a  conference  circuit  for  connection  in  a  digital 
telephone  system  between  a  first  TDM  (time 
division  multiplex)  bus  for  carrying,  in  N  distinct 
time  slots  of  each  frame,  PCM  (pulse  code 
modulation)  words  to  said  conference  circuit,  and 
a  second  TDM  bus  for  carrying,  in  N  distinct  time 
slots  of  each  frame,  PCM  words  from  said 
conference  circuit,  for  establishing  a  conference 
connection  between  N-conferees,  wherein  N  is  a 
positive  integer,  3<_N,  said  conference  circuit 
comprising:  memory  means,  responsive  to  said 
PCM  words  on  said  first  TDM  bus,  for  storing  the 
N  PCM  words  received  on  said  first  TDM  b u s  
during  said  N  time  slots;  code  means  for  forming 
and  storing  N  loudness  codes,  each  said  loudness 
code  is  associated  with  one  conferee  and  is 
derived  from  the  absolute  magnitude  of  the  PCM 
words  in  that  conferee's  time  slot  on  said  first 
TDM  bus;  selection  means  for  choosing,  for  each 
conferee,  two  loudness  codes,  excluding  the 
loudness  code  associated  with  said  conferee,  and 
for  reading  from  said  memory  means  for  each 
conferee,  the  two  most  recent  PCM  words  corres- 
ponding  to  the  two  conferees  associated  with  the 
two  chosen  loudness  codes;  summation  means 
for  adding  together  said  two  PCM  words,  so  read 
by  said  selection  means,  and  producing  a 
resultant  PCM  word  on  said  second  TDM  bus 
during  the  time  slot  corresponding  to  said 
conferee. 

Stated  still  in  other  terms,  the  present  invention 
is  a  method  of  providing  a  conference  circuit 
interconnection  in  a  digital  telephone  system  for 
N  conferees,  wherein  N  is  a  positive  integer, 
3<N<32,  and  wherein  said  telephone  system  has 
a  first  TDM  (time  division  multiplex)  bus  for 
carrying,  in  N  distinct  time  slots  of  each  frame, 
PCM  (pulse  code  modulation)  words  to  said 
conference  circuit,  and  a  second  TDM  bus  for 
carrying,  in  N  distinct  time  slots  of  each  frame, 
PCM  words  from  said  conference  circuit,  said 
method  comprising:  storing  the  N  PCM  words 
received  on  said  first  TDM  bus  during  said  N  time 
slots  and  excluding  for  each  conferee  the  PCM 

word  originating  from  said  conferee;  choosing  for 
each  said  conferee,  two  PCM  words  from  the  N 
most  recently  stored  PCM  words,  excluding  the 
PCM  word  originating  from  said  conferee; 
summing,  for  each  said  conferee,  said  two  chosen 
PCM  words  and  outputting  the  resultant  PCM 
sum  on  said  second  TDM  bus. 

The  invention  will  now  be  described  in  more 
detail  with  reference  to  the  accompanying 
drawings,  wherein  like  parts  in  each  of  the  several 
figures  are  identified  by  the  same  reference 
character,  and  wherein: 

Figure  1  is  a  simplified  block  diagram  of  the 
conference  circuit  of  the  present  invention; 

Figure  2  is  a  simplified  block  diagram  of  the 
speech  memory  of  Figure  1; 

Figure  3  is  a  simplified  block  diagram  of  the 
loudness  evaluation  circuit  of  Figure  1; 

Figure  4  is  a  simplified  block  diagram  of  the 
speaker  identification  circuit  of  Figure  1; 

Figure  5  is  a  simplified  block  diagram  of  the 
speaker  selector  circuit  of  Figure  1; 

Figure  6  is  a  simplified  block  diagram  of  the 
summing  and  compression  circuit  of  Figure  1; 

Figure  7a  is  a  simplified  diagrammatic 
representation  depicting  how  PCM  words  are 
received  and  transmitted  by  the  conference  circuit 
of  Figure  1  in  a  six-party  conference; 

Figure  7b  is  a  simplified  diagrammatic 
representation  depicting  how  PCM  words  are 
received  and  transmitted  by  the  conference  circuit 
of  Figure  1  in  two  three-party  conferences. 

Figure  8  is  a  simplified  block  diagram  of  the 
offset  linear  to  PCM  magnitude  converter  of 
Figure  6; 

Figure  9  comprising  parts,  a,  b,  c,  d,  e,  f,  g,  h,  i, 
j,  k,  and  I,  is  a  timing  diagram  useful  for  under- 
standing  the  operation  of  the  circuits  depicted  the 
previous  figures;  and 

Figure  10  is  a  simplified  stylized  representation 
of  the  conference  circuit  of  the  present  invention 
providing  a  twenty-six  party  conference  connec- 
tion,  using  tandeming. 

Detailed  description 
Figure  1  is  a  simplified  block  diagram  depicting 

an  examplary  embodiment  of  the  conference 
circuit  20  of  the  present  invention,  suitable  for  use 
with  three  to  six  conferees. 

Serially  received  PCM  (pulse  code  modulation) 
signals  (up  to  six  channels  out  of  a  potential  of 
thirty-two  available  channels)  are  received  on 
TDM  (Time  Division  Multiplex)  receive  bus  21  and 
are  converted  into  parallel  form  by  serial-to- 
parallel)  converter  22  (e.g.  a  Texas  Instruments 
74LS164)  and  are  output  on  bus  23. 

The  eight-bit  parallel  PCM  word  on  bus  23  is 
applied  both  to  speech  memory  24  and  to  loud- 
ness  evaluation  circuit  25.  Speech  memory  24 
contains  a  RAM  (Random  Access  Memory)  that 
can  store  six,  8-bit  digital  words;  these  stored 
digital  words  are  the  most  recently  received 
signals  from  each  of  the  conferees  connected  to 
conference  circuit  20.  The  relative  read  address 
(S1'  or  S2')  is  applied  to  speech  memory  24  via 



address  bus  27,  and  the  eight-bit  word  (P1  or  P2) 
read  from  speech  memory  24  appears  on  data 
bus  28. 

Loudness  evaluation  circuit  25  contains  a 
memory  circuit  comprising  six  8-bit  shift  registers 
(described  in  more  detail  in  Figure  3).  Ten  taps  are 
made  to  the  shift  registers  and  the  signals  from 
these  taps  are  applied  to  speaker  selector  circuit 
29,  as  loudness  codes  L1  and  L2,  via  bus  31. 
Another  set  of  five  taps  (referred  to  as  data  signal 
82)  provides  signals  to  speaker  identification 
circuit  32  via  bus  33.  Speaker  identification  circuit 
32  produces  four  three-bit  codes  (S1,  S1',  S2,  and 
S2')  on  bus  34  which  are  applied  to  speaker 
selector  circuit  29  and  which  are  indicative  of 
which  conferee  will  be  a  "speaker". 

Speaker  selector  circuit  29  forwards  the  relative 
address  (S1'  or  S2')  of  the  selected  speaker 
sample  (stored  in  memory  24)  to  memory  24  via 
address  bus  27  and  receives  back  from  memory 
24,  the  addressed  speech  sample  (i.e.  PCM  word) 
on  data  bus  28. 

Speaker  selector  circuit  29  also  linearizes  the 
coded  PCM  signals  received  on  bus  28  from  the 
selected  conferee  ("speaker")  and  inserts  a 
certain  amount  of  loss  (which  may  be  zero  loss). 
This  sixteen-bit  linear  PCM  signal  is  applied  to 
summing  and  compression  circuit  36  via  bus  37. 
Circuit  36  sums  the  linearized  PCM  signals  from 
the  loudest  and  second  loudest  speakers  and  then 
compresses  the  resultant  summation  into  a  coded 
PCM  signal  and  transmits  it,  in  serial  form,  on  bus 
38. 

Figure  2  is  a  simplified  block  diagram  depicting 
the  construction  of  speech  memory  24  in  more 
detail.  The  constituents  of  speech  memory  24  are 
interconnected  as  depicted  in  Figure  2,  and  atten- 
tion  is  directed  thereto. 

RAM  (Random  Access  Memory)  41  stores  six 
8-bit  PCM  words  received  on  bus  23  from  serial- 
to-parallel  converter  22  (Figure  1).  RAM  41  is 
comprised  of  two  Texas  Instruments  (TI)  model 
SN74LS189  which  are  64  bit  memories  organized 
as  16  words  of  4  bits  each;  the  two  model 
SN74LS189's  together  provide  a  memory 
capacity  of  16  words  (8  bits  each),  of  which  only 
six  words  are  actually  employed  in  this  particular 
application  of  RAM  41. 

Multiplexer  42  (e.g.  a  TI  model  SN74LS257) 
applies-either  a  four  bit  write  address  (from  bus 
43)  or  a  four-bit  read  address  (from  bus  44)  to  the 
address  input  46  of  RAM  41.  A  read  (logic  1)  or 

write  (logic  0)  signal  (clock  H)  is  applied  to  input 
48  of  RAM  41.  The  data  to  be  stored  (from  bus  23) 
is  applied  to  data  input  49  of  RAM  41  and  the  data 
read  from  RAM  41  appears  at  data  output  51  and 
is  applied  to  eight-bit  latch  53  (e.g.  two  T.I.  model 
SN74LS175)  via  bus  52.  The  output  of  latch  53  on 
bus  28,  is  the  PCM  word  from  the  chosen 
"speaker",  i.e.  the  PCM  word  from  either  the 
"loudest"  or  the  second  "loudest"  conferee, 
chosen  not  globally,  but  from  the  point  of  view  of 
each  "listener". 

Counter  54  (e.g.  TI  model  SN74LS163)  is  a 
four-bit  binary  counter,  which  counts  the  number 
of  clock  pulses  (Clock  A)  appearing  at  its  clock 
input  55  (when  enabled  by  clock  G)  and  produc- 
ing,  at  its  output  57  a  count  incremented  by  one, 
after  each  clock  pulse.  Note  that  for  the  present 
application  the  counter  is  preset  to  begin  count- 
ing  at  ten,  and  it  counts  from  ten  to  fifteen  and 
then  returns  to  ten  and  continues  in  this  cycle. 

The  output  of  counter  54,  from  output  terminal 
57,  is  applied  both  to  multiplexer  42  and  to 
four-bit  binary  adder  58  (e.g.  TI  model 
SN74LS283)  via  bus  43.  Input  59  of  adder  58 
receives  the  signal  from  bus  43  and  input  61  of 
adder  58  receives  a  signal  S1'  or  S2'  on  bus  27  (to 
be  described  in  greater  detail,  later,  with 
reference  to  Figures  4  and  5)  which  is  repre- 
sentative  of  the  relative  address  of  a  selected 
"speaker".  The  output  of  adder  58  from  output 
terminal  62,  is  applied  to  input  terminals  63  of 
adder  64  (e.g.  TI  model  SN74LS283).  The  other 
input  terminals  (terminals  66)  of  adder  64  receive 
the  carry  output  signal  from  adder  58.  The 
connection  to  terminals  66  is  made  such  that  a 
carry  output  signal  (i.e.  a  logic  1)  results  in  the 
addition  of  ten  to  the  count  applied  to  terminals 
63;  this  is  accomplished  by  choosing  as  terminals 
66  terminals  B2  and  B4  of  TI  model  SN74LS283; 
i.e.  the  most  significant  input  representing  the 
power  of  23  and  the  second  least  significant  input 
representing  the  power  21.  The  output  of  adder 
64,  on  output  terminal  67,  is  applied  to  the 
remaining  input  of  mulitplexer  42  (i.e.  input  69) 
via  bus  44.  Note  that  adder  58  and  adder  64. 
together  form  a  "modulo  6"  adder,  offset  from 
zero  by  a  constant  ten;  i.e.  the  input  code  at  input 
59  (ranging  from  ten  to  fifteen)  is  added  to  the 
input  code  at  input  61  (ranging  from  zero  to  five) 
to  result  in  an  output  code  at  bus  44  (ranging  from 
ten  to  fifteen)  This  is  illustrated  in  the  table  below. 



Multiplexer  42  selects  either  the  address 
applied  to  its  input  68  or  its  input  69  to  be 
produced  on  its  utput  71,  and  thus  employed  to 
address  RAM  41.  The  selection  of  input  68  or 
input  69  is  made  by  clock  signal  E  applied  to 
select  input  73  of  multiplexer  42,  with  the  address 
on  bus  43  being  selected  for  writing  into  RAM  41 
and  the  address  on  bus  44  being  selected  for 
reading  from  RAM  41. 

Figure  3  depicts,  in  simplified  block  form, 
loudness  evaluation  circuit  25.  Shift  registers  74, 
75,  76,  77,  78  and  79,  referred  to  collectively  as 
memory  80,  are  connected  in  series  as  shown  in 
Figure  3.  Shift  register  74  (e.g.  two  TI  model 
SN74LS194A)  is  fed  parallely  from  data  selector 
81,  and  serially  from  the  output  of  shift  register 
79.  Shift  registers  75,  76,  77,  78  and  79  (e.g.  TI 
model  SN74LS164)  are  each  fed  serially  as  s h o w n  
in  Figure  3.  The  taps  shown  at  the  inputs  to 
registers  74,  75,  76,  77,  and  79  are  to  provide  data 
signal  82  to  speaker  identification  circuit  32  (see 
Figure  4)  via  bus  33. 

The  seven  least  significant  bits  from  shift 
register  74,  signal  84  are  applied  to  adder  86, 
magnitude  comparator  87  and  adder  88  via  bus 
89.  Note  that  the  loudness  code  words,  stored  in 
memory  80,  are  shifted  from  shift  register  74  to 
shift  register  75,  and  so  on,  with  the  most 
significant  bit  of  each  word  being  the  first  bit  to  be 
shifted  to  the  next  register,  followed  by  the 
second  most  significant,  etc. 

Adder  86  (two  TI  model  SN74LS283)  sums  the 
absolute  value  of  the  PCM  word  received  from 
serial-to-parallel  converter  22  (Figure  1),  via  bus 
23,  augmented  by  the  addition  of  a  least- 
significant  logic  1  bit  (referred  to  as  signal  83), 
with  signal  84  on  bus  89.  The  seven  most 
significant  bits  output  from  adder  86,  along  with 
the  carry  out  bit  (in  the  most  significant  bit 
position),  referred  to  as  signal  91,  are  applied  to 
one  data  input  of  data  selector  81.  The  other  data 
input  of  selector  81  receives  signal  92,  the  output 
of  adder  88. 

The  input  to  adder  88  comprises  signal  84  and 
signal  93,  on  line  94,  from  counter  96.  Counter  96 
(two  TI  SN74LS163)  is  a  divide  by  K  counter 
(K=16)  which  produces  one  logic  1  signal  on  its 
Co  output,  for  every  K  pulses  of  clock  I  applied  to 
the  enable  input  of  counter  96.  Note  that  clock  I is 
a  pulse  that  occurs  every  time  address  counter  54 
reaches  a  count  of  fifteen.  The  purpose  of  signal 
93  is  to  provide  a  subtract  one  signal  to  adder  88, 
not  for  every  frame,  but  at  a  lower  rate. 

Magnitude  comparator  87  (two  TI  model 
SN74LS85)  monitors  the  magnitude  of  signal  83 
applied  to  its  A  input  and  the  magnitude  of  signal 
84  applies  to  its  B  input.  If  the  magnitude  mn 
input  A,  of  comparator  87,  is  less  than  the 
magnitude  on  input  B,  of  comparator  87,  then  the 
A<B  output  of  comparator  87  is  a  logic  1; 
otherwise  it  is  a  logic  0.  Thus,  the  data  at  output 
terminal  Y  of  data  selector  81  is  as  follows: 

The  output  signal  97  on  terminal  Y  of  selector 
81  is  applied  to  shift  register  74  in  parallel  format. 

Shift  registers  74,  75,  76,  77,  78  and  79  form  a 
memory  80  which  is  shifted  eight  times  during 
each  channel  times  lot.  The  output  of  the  last 

register  79  is  the  input  to  the  first  register  74,  so 
that,  in  the  absence  of  updating  (via  signal  97),  the 
same  codes  circulate  exactly  once  per  frame 
period  (i.e.  once  every  125  microseconds).  When 
the  code  for  a  particular  channel  is  to  be  updated, 



this  occurs  "on  the  fly"  with  the  last  clock  pulse  of 
that  channel  time  slot  (i.e.  when  clock  G  goes 
high),  by  parallel  loading  of  shift  register  74. 
Updating  occurs  in  every  channel  time  slot,  even 
if  the  new  value  of  the  loudness  code  turns  out  to 
be  the  same  as  the  old  value  (e.g.  signal  83  equals 
signal  84). 

Each  shift  register  in  memory  80  stores  an 
eight-bit  loudness  code  indicative  of  the 
magnitude  of  the  previously  received  PCM  words 
from  each  conferee.  These  loudness  codes  are 
being  continually  shifted  through  memory  80  so 
that,  at  appropriate  times,  shift  register  74 
contains  the  loudness  code  for  one  conferee,  shift 
register  75  contains  the  loudness  code  for  another 
conferee,  and  so  on  with  shift  registers  76,  77,  78 
and  79.  During  other  time  periods,  one  particular 
loudness  code  will  be  contained  partially  by  one 
shift  register  in  memory  80,  and  partially  by 
another  shift  register  in  memory  80. 

The  eight-bit  loudness  code  for  each  conferee 
(stored  in  memory  80)  is  based  upon  the  absolute 
magnitude  (seven-bits)  of  the  recieved  PCM  word 
for  that  conferee  augmented  by  a  least-significant 
one-bit.  This  loudness  code  is  increased  if  the 
received  signal  83  exceeds  the  stored  value  (i.e. 
signal  83  is  greater  than  signal  84  at  comparator 
87).  It  is  decreased  only  if  the  received  signal  83  is 
less  than  the  stored  value  (i.e.  signal  84)  and  if 
counter  96  provides  an  enable  output  (i.e.  if  the 
carry  output  Co  of  counter  96  is  a  logic  1).  Counter 
96  functions  to  slow  down  the  decrementing  of 
the  stored  code  value  by  enabling  a  decrement 
only  once  every  Kth  frame  (in  the  preferred 
embodiment,  K=16). 

Referring  to  a  given  loudness  code  value  (or 
magnitude)  stored  in  memory  80  as  Ln  (at  time  n) 
then  the  subsequent  code  value  Ln+1  (at  time  n+ 1) 
can  be  defined  as  follows: 

if  Ln>signal  83 

if  Ln=signal  83 

if  Ln≤signal  83,  and 
signal  93=0 

if  Ln<signal  83,  and 
signal  93=1 

Note  that  signal  83  equals  twice  the  absolute 
magnitude  of  the  PCM  word  received  on  bus  23, 
plus  one;  or  stated  in  mathematical  terms:  signal 
83=(2xlPCMI)+l. 

Because  of  the  logarithmic  nature  of  the  mu- 
law  or  A-law  PCM  coding  scheme,  the  de- 
crementing  of  the  stored  code,  by  one  every  K 
frames,  is  approximately  equivalent  to  dis- 
charging  a  capacitor  which  was  previously 
charged  to  a  voltage  equivalent  to  the  linearized 
analogue  speech  signal.  In  such  a  case,  the 
effective  time  constant,  T,  is  given  by: 

T=2.89  K  (in  milliseconds),  for  mu-law. 

Figure  4  depicts  the  circuitry,  in  simplified  block 
form,  of  speaker  identification  circuit  32.  Memory 
80,  of  Figure  3,  is  repeated  at  the  top  of  Figure  4 
for  the  sake  of  convenience.  The  five  bits  compris- 
ing  data  signal  82  are  derived  from  memory  80  as 
shown,  and  are  applied  to  AND  gates  98a,  98b, 
98c,  98d  and  98e,  referred  to  collectively  as  AND 
gates  98.  The  output  of  decoder  99  (T.I. 
SN74LS138)  is  also  applied  to  AND  gates  98  as 
depicted.  Switch  101  functions  to  change  circuit 
32  between  two  three  party  conferences  (switch 
101  connected  to  logic  0,  or  ground  potential)  and 
a  six  party  conference  (switch  101  connected  to 
logic  1,  or  +5  volts).  The  conference  circuit 
establishes  a  conference  connection  between 
each  M  out  of  N  conferees  where  M  and  N  are 
each  positive  integers,  NS6,  M>3,  M  is  a  factor  of 
N and  M<N. 

The  five  outputs  from  AND  gates  98,  along  with 
five  outputs  on  bus  102,  from  register  103, 
provide  a  ten-bit  address  for  ROM  (read  only 
memory)  104.  ROM  104  is  comprised  of  two 
model  6353  devices  by  Monolithic  Memories  Inc. 
(MMI). 

The  purpose  of  speaker  identification  circuit  32 
is  to  identify  the  two  loudest  of  the  five  potential 
speakers  for  each  channel  time  slot,  by  analyzing 
the  contents  of  memory  80.  Circuit  32  operates  in 
every  channel  time  slot  and  does  not  identify  the 
absolute  identities  of  the  chosen  speakers  but 
only  the  relative  identities  of  the  two  speakers 
relevant  for  each  particular  port  (the  relative 
addresses  of  the  two  chosen  speakers  will  be 
referred  to  as  S1  and  S2).  Note,  that  as  depicted  in 
Figure  4,  shift  register  77  contains  the  loudness 
code  for  the  conferee  who  is  the  "listener"  at  this 
particular  instant  (and  this  loudness  code  is  not 
examined).  The  other  five  shift  registers  74,  75, 
76,  78  and  79  have  their  contents  (i.e.  loudness 
codes)  examined  by  speaker  identification  circuit 
32  to  determine  which  two  loudness  codes  are  the 
largest,  and  consequently  this  can  identify  the 
relative  addresses  (S1  and  S2)  of  the  two 
conferees  (corresponding  to  the  two  largest  loud- 
ness  codes)  which  should  be  "heard"  (received) 
by  the  "listener". 

The  organization  of  memory  80  as  a  tapped 
48-bit  shift  register  provides  a  convenient  means 
for  offering  the  appropriate  five  equal-significant 
bits  to  circuit  32,  carrying  sucessively  lower 
equal-significant  bits  from  the  five  loudness 
codes. 

Circuit  32  identifies  the  largest  of  five  8-bit 
codes  (stored  in  memory  80)  by  sequentially 
comparing  equal  position  bits  as  follows.  Five  bit 
register  103  (TI  model  SN74LS174)  is  initially 
cleared  to  all  logic  zeroes.  In  the  first  step,  the 
most  significant  bit  of  each  of  the  five  loudness 
codes,  (note:  shift  registers  74,  75,  76,  78,  and  79 
each  store  one  loudness  code)  via  bus  33,  is 
analyzed  by  ROM  104  and  the  five  bits  of  register 
103  (referred  to  as  Y-bits)  are  updated  as  follows: 
if  all  the  most  significant  bits  from  each  loudness 



code  are  0  (or  1),  each  Y-bit  remains  a  logic  0; 
otherwise  Yi=Li(MSB),  wherein  Y  is  the  ith  bit  of 
register  103  (corresponding  to  the  ith  loudness 
code);  and  wherein  L,(MSB)  is  the  most  significant 
bit  of  the  ith  loudness  code. 

In  other  words,  if  the  most  significant  bits 
(MSB)  of  the  loudness  codes  are  either  all  0  or  all 
1,  no  selection  can  be  made  at  this  point,  and  all 
Y-bits  remain  "alive"  as  possible  candidates  (i.e. 
Y=Iogic  0).  If  only  some  MSB  of  the  loudness 
codes  are  1,  all  Y-bits  associated  with  the  0-bits 
from  the  loudness  codes  "die"  (i.e.  Y=logic  1).  All 
those  Y-bits  associated  with  the  1-bits  from  the 
loudness  codes  survive  (i.e.  Y=Iogic  0). 

At  the  next  step,  the  second  most  significant 
bits  of  the  five  loudness  codes  are  considered. 
Y-bits  that  are  dead  (i.e.  Y=Iogic  1)  remain  dead; 
those  Y-bits  which  have  survived  (i.e.  Y=Iogic  0) 
continue  to  survive  if  all  associated  bits  from  the 
loudness  codes  are  either  all  1  or  all  0  (i.e.  no 
selection  possible).  Some  Y-bits  may  die  (i.e. 
Y=Iogic  1)  if  their  associated  bit  from  the  loud- 
ness  codes  is  0  while  there  are  other  bits  from  the 
loudness  codes  with  1  (i.e.  only  loudness  codes 
associated  with  surviving  Y-bits  are  considered). 

In  this  way,  after  eight  steps,  there  will  be  at 
least  one  surviving  Y-bit,  corresponding  to  the 
largest  loudness  code. 

This  selection  process  is  conveniently  imple- 
mented  by  ROM  104  which  has  a  capacity  of  1,024 
words  of  8-bits  each.  ROM  104  provides,  as  an 
output,  5-bits  on  bus  106  to  register  103  and  3-bits 
on  bus  107  to  provide  a  3-bit  binary  code  S1  for 
the  selected  speaker,  as  well  as  providing  the 
input  to  shift  registers  108,  109  and  110,  as 
shown.  Registers  108,  109,  and  110  are  each  a  TI 
model  SN74LS164. 

If  more  than  one  Y-bit  (in  register  103)  survives 
the  selection  process,  more  than  one  loudness 
code  must  have  had  the  same  instantaneous 
magnitude,  down  to  the  last  bit.  ROM  104  is 
designed  to  make  a  consistent  choice  considering 
rotational  identities  of  the  conferees  and 
considering  the  implementation  of  a  conference 
splitter  (i.e.  into  two  three-party  conferences). 

As  noted  earlier,  the  output  of  ROM  104  on  bus 
107  is  signal  S1.  Signal  S1  is  applied  to  shift 
registers  108,  109,  and  110  as  shown.  Shift 
registers  108,109  and  110  serve  to  delay  signal  S1 
(on  bus  34a)  by  one  clock  pulse  (of  clock  H)  to 
produce  signal  S1'  (on  bus  34b);  by  six  clock 
pulses  to  produce  signal  S2  (on  bus  34c);  and  by 
seven  clock  pulses  to  produce  signal  S2'  (on  bus 
34d).  The  need  for  these  different  signals  will 
become  apparent  with  reference  to  Figure  5, 
wherein  they  are  employed.  Note  that  buses  34a, 

34b,  34c,  and  34d  are  referred  to  collectively  as 
bus  34. 

Signal  S2  is  also  applied  to  decoder  99  in  Figure 
4.  Decoder  99  functions  to  inhibit  the  one  AND 
gate  (by  applying  a  logic  0  to  the  AND  gate  input), 
from  AND  gates  98,  that  (the  previous  cycle) 
carried  the  loudness  code  chosen  as  being  the 
largest;  note  that  the  term  previous  cycle  means 
the  channel  time  slot  relating  to  the  same 

"listener"  in  the  immediately  preceding  TDM 
frame.  In  other  words,  decoder  99  functions  to 
eliminate  the  immediately  preceding  largest  loud- 
ness  code  from  being  chosen  as  the  largest  twice 
in  a  row.  This  forces  ROM  104  and  register  103  to 
choose  the  largest  loudness  code  out  of  the 
remaining  four  loudness  codes  available  (exclud- 
ing  the  largest);  i.e.  this  forces  the  choosing  of  the 
second  largest  loudness  code.  This  technique  of 
course,  assumes  that,  for  the  two  frame  period 
under  consideration,  the  largest  loudness  code  in 
the  first  frame  remains  the  largest  code  in  the 
second  frame;  an  assumption  which  is  not  un- 
reasonable.  Note  also  that,  via  switch  101,  AND 
gates  98b,  98d,  and  98e  can  be  inhibited  to 
produce  two  three-party  conference  circuits, 
rather  than  a  six-party  conference  circuit,  by 
preventing  alternate  speaker  loudness  codes 
from  being  selected,  regardless  of  their 
magnitude. 

Figure  5  depicts  the  circuitry,  in  simplified  form, 
of  speaker  selector  circuit  29.  Memory  80  is  once 
again  shown  in  the  Figure  for  ease  of  reference. 
Signal  S2  (on  bus  34c)  selects  one  of  the  five 
inputs  applied  to  one-out-of-eight  selector  114. 
The  inputs  to  selector  114  consist  of  the  last  bit  of 
shift  registers  74,  75,  76,  78  and  79.  The  timing  of 
signal  S2  (and  the  enable  input  signal  clock  E)  is 
such  that  the  four  most  significant  bits  of  loud- 
ness  code  selected  are  taken,  serially,  from  the 
last  bit  position  of  one  of  registers  74, 75, 76, 78  or 
79.  These  four  bits  are  applied  serially,  via 
selector  114,  to  shift  register  113.  These  four  most 
significant  bits  are  referred  to  as  LS2  and  are 
stored,  initially,  in  the  four  left  most  positions  of 
register  113. 

Subsequently,  one  out  of  eight  selector  112  is 
used  to  select  one  out  of  five  inputs  from  memory 
80.  The  appropriate  input  for  selector  112  is 
chosen  by  signal  S1,  on  bus  34a  (indicative  of  one 
of  the  two  largest  loudness  codes).  The  inputs  to 
selector  112  consist  of  the  fourth  bit  of  shift 
registers  74,  75,  76,  77  and  79.  The  timing  of 
signal  S1  (and  the  enable  input  signal  clock  E1  is 
such  that  the  four  most  significant  bits  of  the 
loudness  code  selected  are  taken  serially  from  the 
fourth  bit  position  of  one  of  the  registers  74,  75, 
76,  77  or  79.  These  four  bits  are  applied  serially, 
via  selector  112,  to  shift  register  113.  These  four 
most  significant  bits  are  referred  to  as  LS1  and  are 
stored  in  the  four  left  most  positions  of  register 
113.  Note  that  while  the  four  bits  comprising  LS1 
were  entering  shift  register  113,  the  four  bits 
comprising  LS2  were  shifting  to  the  right  until 
finally,  when  all  four  bits  of  LS1  are  entered,  we 
have  the  status  of  register  113  as  depicted  in 
Figure  5,  with  the  four  LS1  bits  in  the  four 
left-most  positions,  and  the  four  LS2  bits  in  the 
four  right-most  positions,  LS1  and  LS2  are  then 
latched  into  eight-bit  latch  116. 

Eight-bit  latch  116  is  employed  to  provide  an 
address  code  to  ROM  117 (a  1 Kx4  memory).  Note 
that  address  terminals  AO  to  A7  of  ROM  117  are 
fed  from  latch  116,  address  terminal  A8  receives 
clock  D,  and  address  terminal  A9  receives  a 



constant  logic  0  signal.  The  output  of  ROM  117  is 
a  three  bit  code  referred  to  as  a  loss  control  code, 
LCD.  The  significance  of  code  LCD  will  be  referred 
to  later. 

Selector  118  selects  either  signal  S1'  or  S2'  to 
be  applied  on  bus  27  to  adder  58  in  Figure  2.  This 
results  in  the  appropriate  received  PCM  word 
being  fetched  from  RAM  41  (Fig.  2)  and  applied  on 
bus  28  via  latch  53  (Fig.  2).  The  seven  magnitude 
bits  thereof  are  received  by  linearization  ROM  121 
and  the  sign  bit  is  received  by  selector  122.  The 
A-input  of  selector  122  comprises  four  terminals, 
three  of  which  receive  a  constant  logic  1  signal, 
and  the  fourth  of  which  receives  the  sign  bit  on 
line  39  from  accumulator  127  (Figure  6).  The 
B-input  of  selector  122  comprises  four  terminals, 
three  of  which  receive  the  three-bit  code  LCD 
from  ROM  117  and  the  fourth  of  which  receives 
the  sign  bit  of  the  PCM  sample  on  bus  28.  Output 
terminal  Y  of  selector  122  is,  of  course,  either  the 
data  applied  to  its  A  input  or  its  B  input  as 
determined  by  clock  E.  The  output  of  selector  122 
is  applied  to  ROM  121;  the  four  bits  from  selector 
122  along  with  the  seven  bits  from  the  PCM  word 
on  bus  28  serve  to  provide  an  eleven  bit  address 
for  ROM  121.  The  output  of  ROM  121  on  bus  37  is 
a  16  bit  linearized  PCM  word,  representative  of 
the  PCM  sample  on  bus  28  but  with  an  attenua- 
tion  factor  (which  may  be  zero,  included).  Note 
that  the  attenuation  factor  is  controlled  by  code 
LCD. 

In  more  detail,  returning  to  the  operation  of 
ROM  117,  the  actual  function  of  ROM  117  is  to 
monitor  the  difference  in  magnitudes  between 
the  PCM  samples  of  the  two  loudest  speakers 
based  upon  the  loudness  codes  (recall  that  the 
signals  applied  to  address  inputs  AO  to  A7  of  ROM 
117  are  the  codes  LS1  and  LS2  representative  of 
the  four  most  significant  bits  from  each  of  the 
loudness  codes  of  the  two  largest  loudness 
codes).  In  one  specific  case,  i.e.  where  the  loudest 
speaker  is  talking  and  the  second  loudest  speaker 
is  not  (i.e.  only  one  speaker,  in  effect)  the  speech 
sample  of  the  loudest  speaker  is  not  attenuated  at 
all.  In  another  specific  case,  i.e.  where  the  loudest 
speaker  and  the  second  loudest  speaker  have  the 
same  loudness  code  magnitudes,  each  speaker 
has  3db·of  effective  attenuation  inserted  into  their 
respective  speech  samples.  In  the  inbetween 
cases,  i.e.  where  there  are  two  speakers  and  there 
is  a  difference  in  magnitude  between  the  loudest 
and  second  loudest  speakers,  as  the  difference  in 
magnitude  increases,  the  loudest  speaker 
receives  less  and  less  attenation  (to  a  minimum 
limit  of  zero  added  attenuation)  and  the  second 
loudest  speaker  receives  more  and  more  attenua- 
tion  (to  a  maximum  limit  of  20  db  effective  added 
attenuation).  In  short,  code  LCD  output  from  ROM 
117  is  an  indication  of  how  much  (if  any)  attenua- 
tion  should  be  applied  to  a  particular  PCM 
sample.  With  code  LCD  represented  by  three  bits, 
eight  different  attenuation  values  are  possible.  In 
practice,  seven  of  the  eight  possible  values  of 
code  LCD  are  used  to  provide  seven  different 
attenuation  values.  The  eighth  possible  LCD  code 

(all  logic  1's)  is  not  used  for  attenuation  control, 
but  rather,  is  used  to  address  certain  constant 
values  stored  in  ROM  121,  to  be  explained  more 
fully  later. 

As  a  further  refinement,  some  additional  loss 
(i.e.  more  then  0  db)  is  inserted  when  the 
magnitude  of  the  loudness  code  of  the  loudest 
speaker  is  below  a  certain  threshold  value.  Below 
this  threshold  the  signal  is  deemed  to  be  primarily 
noise.  This  refinement  tendy  to  reduce  the  noise 
heard  on  an  idle  conference. 

Figure  6  depicts  the  circuitry  for  adding  the 
PCM  words  from  the  loudest  and  the  second 
loudest  speaker,  and  for  compressing  the 
resultant  sum  into  a  coded  PCM  signal.  Sixteen 
bit  adder  126  (e.g.  four  TI  model  SN74LS283) 
receives,  on  bus  37,  the  sixteen  bits  (in  two's 
complement  form)  from  ROM  121  (Figure  5).  Note 
that  in  2's  complement  notation,  negative  values 
are  represented  in  such  a  way  that  a  simple  adder 
will  give  the  correct  sum  at  positive  and/or 
negative  values,  as  long  as  the  range  given  by  the 
number  of  bits  available  is  not  exceeded.  The 
output  of  adder  126,  on  terminals  S,  is  applied  to 
sixteen-bit  accumulator  127  (e.g.  two  TI  model 
SN74LS273)  which  had  been  initialized  (i.e. 
cleared)  to  all  logic  0's.  The  Q  outputs  of 
accumulator  127  are  routed  back  to  the  A  inputs 
of  adder  126  via  bus  128.  The  second  time  adder 
126  adds,  it  adds  the  data  on  its  B  inputs  (from 
ROM  121,  Figure  5)  to  the  data  on  its  A  inputs 
(from  accumulator  127);  this  results  in  the  total 
sum  of  the  loudest  and  second  loudest  linearized 
PCM  signals. 

A  third  addition  is  performed  to  add,  to  the  sum 
of  the  loudest  and  second  loudest  PCM  words,  an 
offset  of  either  +64  or  -65.  If,  after  the  first  two 
additions,  the  sign  bit  stored  in  accumulator  127 
is  a  logic  0  (indicating  that  the  sum  is  greater  than 
or  equal  to  zero)  then  +64  is  added.  This  occurs 
since  the  sign  bit  on  line  39  is  routed  back  to 
selector  122.  At  the  appropriate  time,  determined 
by  clock  signal  E  applied  to  selector  122,  the 
signals  applied  to  the  A  input  of  selector  122 
appear  on  the  Y  output  of  selector  122  and 
address  ROM  121  which  in  turn  outputs  the 
constant  number  +64  (in  binary  format)  on  bus 
37.  The  number  +64  is  then  supplied  to  input  B  of 
adder  126  and  consequently  added  to  the  sum  of 
the  loudest  and  second  loudest  signals  already 
stored  in  accumulator  127;  the  result  of  this 
addition  is  of  course  stored  in  accumulator  127. 

If  the  sign  bit  on  line  39  is  a  logic  1,  after  the 
addition  of  only  the  loudest  and  second  loudest 
signals  (indicating  that  the  sum  is  less  than  zero), 
then  the  constant  -65  (in  2's  complement  format) 
is  added  (instead  of  +64).  This  is  done  in  an 
analogous  manner  to  the  previous  example  of 
adding  +64.  This  offset  (i.e.  +64  or  -65)  is 
required  to  perform  the  conversion  to  coded  (or 
non-linear)  PCM,  soon  to  be  described. 

Referring  to  the  sixteen  individual  output  bits  of 
accumulator  127  as  bits  zero  to  fifteen  (with  zero 
the  least  significant,  and  fifteen  the  most  signifi- 
cant),  note  that  bit-15  is  the  sign  bit  and  is  applied 



to  inverter  129,  to  EXCLUSIVE  OR  gate  133,  to 
selector  122  (Figure  5)  via  line  123,  and  to 
parallel-to-serial  converter  132.  Bit-14  is  applied 
to  EXCLUSIVE  OR  gate  133,  the  output  of  which, 
on  line  134  provides  an  enable  signal  to 
magnitude  converter  138  (described  in  more 
detail  in  Figure  8). 

Bits  0  and  1  from  accumulator  127  are  not  used 
(except  to  increase  the  accuracy  of  intermediate 
results  in  adder  126).  The  remaining  twelve  bits 
from  accumulator  127  (namely  bit-2  to  bit-13)  are 
applied  to  gate  137,  comprised  of  twelve 
EXCLUSIVE  OR  gates  137a  to  1371,  inclusive;  gate 
137a  receives  on  one  of  its  inputs,  bit-13  from 
accumulator  127,  its  other  input  is  the  signal  from 
inverter  129.  Similarly  with  the  other  gates  137, 
with  gate  1371  receiving  on  one  of  its  inputs,  bit-2 
from  accumulator  127;  its  other  input  is  the  signal 
from  inverter  129.  The  result  of  gate  137  is  to 
invert  the  bits  applied  to  gate  137  when  the  output 
of  inverter  129  is  a  logic  1  (i.e.  the  sign  bit  is  a 
logic  0  indicating  positive)  and  to  not  invert  the 
bits  applied  to  gate  137  when  the  output  of 
inverter  129  is  a  logic  0  (i.e.  the  sign  bit  is  a  logic  1, 
indicating  negative). 

When  the  sign  bit  is  a  logic  1  (i.e.  the  output  of 
inverter  129  is  logic  0)  the  signals  applied  to  gate 
137,  from  accumulator  127  are  passed  with  no 
change.  When  the  sign  bit  is  a  logic  0  (i.e.  the 
output  of  inverter  129  is  a  logic  1)  the  signals 
applied  to  gate  137,  from  accumulator  127,  are 
inverted.  The  output  signals  from  gate  137  thus 
represent  the  inverted  magnitude  of  the 
accumulated  linear  offset  code  on  bus  128;  they 
are  applied  to  off-set  linear  to  PCM  magnitude 
converter  138,  the  output  of  which  is  a  seven-bit 
compressed  (or  coded)  binary  signal  representa- 
tive  of  the  magnitude  of  the  twelve  bits  input  into 
converter  138  (described  in  more  detail  in  Figure 
8).  The  seven  bits  from  converter  138  are  applied 
to  parallel-to-serial  converter  132  via  bus  139;  so 
also,  is  the  sign  bit  on  line  39.  The  combination  of 
the  seven  bits  from  converter  138  and  the  sign  bit 
from  line  39  form  a  coded  PCM  word  in  converter 
132;  this  coded  PCM  word  is  shifted  out  of 
converter  132,  in  serial  fashion,  onto  output  bus 
38,  during  the  next  TDM  time  slot  of  the 
conference.  In  other  words,  the  coded  PCM  word 
to  appear  on  bus  38  is  derived  from  the  PCM 
words  stored  in  RAM  41  (Fig.  2)  plus  the  loudness 
codes  stored  in  memory  80  (Fig.  3)  during  one 
TDM  time  slot  of  the  conference,  for  transmission 
in  the  subsequent  time  slot  of  the  conference. 

Figure  7a  depicts,  in  a  simplified  fashion,  the 
signals  involved  in  a  six-party  conference  wherein 
the  conferees  are  referred  to  as  A,  B,  C,  D,  E  and  F. 
Three  consecutive  TDM  frames  are  shown, 
referenced  as  frames  1,  2,  and  3.  The  PCM  word 
originating  with  conferee  A,  and  received  on  bus 
21  during  frame  1  is  indicated  as  A1;  similarly  the 
PCM  word  originating  with  conferee  B,  and 
received  on  bus  21  during  frame  1  is  indicated  as 
B1,  etc. 

Assuming  that  conferee  A  is  indicated  as  being 
the  "loudest  speaker",  conferee  B  is  indicated  as 

being  the  second  "loudest  speaker",  and  conferee 
C  is  indicated  as  being  the  third  "loudest  speaker" 
we  can  see  the  resultant  signals  produced  on  bus 
38  being  as follows  (and  as  depicted  in  Figure  7a). 
Commencing  with  frame  2,  during  the  time  slot 
on  bus  38  corresponding  to  conferee  A,  there  is 
transmitted  a  signal  derived  both  from  the  signal 
received  from  conferee  B  in  frame  1  (indicated  as 
B1)  and  from  the  signal  received  from  conferee  C 
in  frame  1  (indicated  as  C1).  During  the  time  slot 
on  bus  38  corresponding  to  conferee  B,  there  is 
transmitted  a  signal  derived  both  from  the  signal 
received  from  conferee  A  in  frame  1  (indicated  as 
A1)  and  from  the  signal  received  from  conferee  C 
in  frame  1  (indicated  as  C1).  Similarly,  during  the 
time  slot  on  bus  38  corresponding to  conferee  C, 
there  is  transmitted  a  signal  derived  both  from  the 
signal  received  from  conferee  A  in  frame  2 
(indicated  as  A2)  and  from  the  signal  received 
from  conferee  B  in  frame  1  (indicated  as  B1),  etc. 
for  conferees  D,  E  and  F. 

Figure  7b  depicts  the  operation  of  the 
conference  circuit  of  Figure  1  when  it  is  engaged 
in  two  three-party  conferences  (i.e.  when  switch 
101  of  Figure  4  is  connected  to  ground).  The  two 
conferences  are  referred  to  as  conference  number 
1  and  conference  number  2  in  Figure  7b,  with 
conferees  A,  C  and  E  participating  in  conference 
number  1  and  conferees  B,  D  and  F  participating 
in  conference  number  2.  It  can  be  seen  that  the 
delay,  between  receiving  a  PCM  word  and 
employing  that  PCM  word,  is  never  more  than 
one  frame  delay. 

Figure  8  depicts,  in  more  detail,  the  circuitry  of 
off-set  linear  to  PCM  magnitude  converter  138. 
The  inputs  to  converter  138  are  shown  pictorially 
as  bits  0  to  15,  with  bits  0  and  1  not  used  and  bits 
14  and  15  applied  to  EXCLUSIVE  OR  gate  133  to 
control  the  enable  inputs  of  the  constituent 
devices  of  converter  138.  If  enable  signal  135  is 
set  (i.e.  is  a  logic  1  when  bit  14*bit  15),  it  indicates 
overflow,  and  causes  the  maximum  magnitude  to 
be  indicated  (i.e.  all  logic  1)  by  the  seven  bits 
output  by  converter  138. 

Converter  138  comprises  priority  encoder  141 
(e.g.  TI  model  SN74148),  inverters  142,  143,  and 
144,  along  with  one-out-of-eight  selectors  146, 
147, 148  and  149  (e.g  TI  model  SN74LS151).  The 
three  outputs  of  priority  encoder  141  are  inverted 
by  inverters  142,  143,  and  144  as  shown.  The 
three  outputs  of  inverters  142, 143  and  144  are  the 
L-bits  of  the  PCM  code  word.  These  three  L-bits 
are  also  used  to  address  the  one-out-of-eight 
selectors  146,  147,  148,  and  149  as  shown.  The 
outputs  of  selectors  146,  147,  148  and  149  form 
the  four  V-bits  of  the  PCM  code  word. 

Figure  9,  comprising  parts  a  to  I,  inclusive,  is  a 
timing  diagram  useful  for  understanding  the 
operation  of  the  circuits  depicted  in  the  previous 
figures.  The  frequency  of  clock  A  (Fig.  9A)  is  2.56 
MHz  and  note  that  one  time  slot  lasts  for  ten 
cycles  of  clock  A.  Figure  91  depicts  the  digital  data 
that  appears  on  bus  21  (Figure  1).  The  PCM  word 
comprises  the  bits  indicated  as  S,  L3,  L2,  L1,  V4, 
V3,  V2,  and  V1,  with  bit  S  being  the  sign  bit.  The 



bits  indicated  as  X  and  Y are  control  bits  peculiar 
to  the  particular  switching  machine  for  which  the 
present  conference  circuit  was  designed,  and  are 
not  germane  to  this  discussion.  Note  that  all  the 
clocks  of  Figure  9  (except  clock  A)  are  per  channel 
clocks;  i.e.  they  occur  only  during  a  time  slot  at 
the  conference  circuit.  The  remainder  of  Figure  9 
is  believed  to  be  self  explanatory  and  conse- 
quently  will  not  be  discussed  further. 

Figure  10  depicts,  in  a  stylized  fashion,  a 
conference  interconnection  between  twenty-six 
conferees,  indicated  as  A  to  Z,  inclusive,  employ- 
ing  six  conference  circuits  150a  to  150f,  referred 
to  collectively  as  conference  circuits  150.  Each 
conference  circuit  150  is  a  six-party  conference 
circuit  constructed  according  to  the  teachings  of 
the  present  invention,  and  consequently  each 
circuit  150  has  six  ports  (as  depicted). 

The  conference  circuits  150  can  be  in  the  same 
switching  office  (e.g.  a  DMS  100*)  or  they  could 
each  be  in  a  different  switching  office.  In  short, 
the  links  152  to  156  could  be  trunks  between 
different  switching  offices.  Link  151  is  of  course  a 
subscriber  loop  between  conferee  A  and  the 
switching  office  housing  conference  circuit  150a. 

It  should  be  noted  that  it  is  preferable  to 
employ,  with  the  conference  connection  of  Figure 
10,  certain  operating  procedures  such  as  taking 
turns  talking.  However,  because  both  the 
"loudest"  and  the  "second  loudest"  conferee  are 
heard  by  all  parties  to  the  conference,  it  is  a 
relatively  simple  task  to  interrupt  the  current 
primary  (i.e.  loudest)  conferee. 

*Trademark  of  Northern  Telecom  Limited 

1.  A  conference  circuit  (20)  for  connection  in  a 
digital  telephone  system  between  a  first  TDM 
(time  division  multiplex)  bus  (21)  for  carrying,  in 
N  distinct  time  slots  of  each  frame,  PCM  (pulse 
code  modulation)  words  to  said  conference  circuit 
(20),  and  a  second  TDM  bus  (38)  for  carrying,  in  N 
distinct  time  slots  of  each  frame,  PCM  words  from 
said  conference  circuit  (20),  for  establishing  a 
conference  connection  between  N-conferees, 
wherein  N  is  a  positive  integer,  35N,  said 
conference  circuit  comprising: 

memory  means  (24)  for  storing  the  N  PCM 
words  received  on  said  first  TDM  bus  (21)  during 
said  N  time  slots; 

means  (80)  for  excluding  for  each  conferee  the 
PCM  word  originating  from  said  conferee  charac- 
terised  in  that  said  conference  circuit  includes 
means  (25,  32)  for  choosing,  for  each  conferee, 
two  PCM  words  from  the  remaining  PCM  words 
stored  in  said  memory  means;  and 

means  (36)  for  summing  said  two  chosen  PCM 
words  and  for  applying  the  resultant  PCM  sum 
word  to  said  second  TDM  bus  (38). 

2.  The  conference  circuit  of  claim  1  wherein  said 
two  PCM  words  are  chosen  on  the  basis  of  their 
magnitude. 

3.  The  conference  circuit  of  claim  1  wherein  said 

two  PCM  words  are  chosen  on  the  basis  of  the 
absolute  value  of  said  PCM  words,  in  each  of  said 
N  time  slots,  during  the  most  recent  frames. 

4.  The  conference  circuit  of  claim  1,  2, or  3, 
wherein  N  equal  six. 

5.  A  conference  circuit  (20)  for  connection  in  a 
digital  telephone  system  between  a  first  TDM 
(time  division  multiplex)  bus  (21)  for  carrying,  in 
N  distinct  time  slots  of  each  frame,  PCM  (pulse 
code  modulation)  words  to  said  conference  circuit 
(20),  and  a  second  TDM  bus  (38)  for  carrying,  in  N 
distinct  time  slots  of  each  frame,  PCM  words  from 
said  conference  circuit  (20),  for  establishing  a 
conference  connection  between  N-conferees, 
wherein  N  is  a  positive  integer,  3:sN,  said 
conference  circuit  comprising: 

memory  means  (24),  responsive  to  said-PCM 
words  on  said  first  TDM  bus  (21),  for  storing  the  N 
PCM  words  received  on  said  first  TDM  bus  (21) 
during  said  N  time  slots,  characterised  in  that  said 
conference  circuit  comprises: 

code  means  (25)  for  forming  and  for  storing  N 
loudness  codes,  each  said  loudness  code  is 
associated  with  one  conferee  and  is  derived  from 
the  absolute  magnitude  of  the  PCM  words  in  that 
conferee's  time  slot  on  said  first  TDM  bus  (21); 

selection  means  (32,  39)  for  choosing,  for  each 
conferee,  two  loudness  codes,  excluding  the 
loudness  code  associated  with  said  conferee,  and 
for  reading  from  said  memory  means  (24),  for 
each  conferee,  the  two  most  recent  PCM  words 
corresponding  to  the  two  conferees  associated 
with  the  two  chosen  loudness  codes; 

summation  means  (36)  for  adding  together  said 
two  PCM  words,  so  read  by  said  selection  means, 
and  producing  a  resultant  PCM  word  on  said 
second  TDM  bus  during  the  time  slot  corres- 
ponding  to  said  conferee. 

6.  The  conference  circuit  of  claim  5  wherein  said 
two  loudness  codes  are  chosen  according  to  their 
magnitudes. 

7.  The  conference  circuit  of  claim  5  or  6  wherein 
N  equals  six. 

8.  The  conference  circuit  of  claim  5  or  6  wherein 
said  PCM  words  are  non-linearly  encoded  PCM 
words  and  said  summation  means  (36) 
comprises: 

means  (21)  for  linearizing  said  non-linearly 
encoded  PCM  words  to  produce  linearly  encoded 
PCM  words; 

means  (126,  127)  for  adding  said  linearly 
encoded  PCM  words  to  produce  a  resultant  linear 
PCM  sum;  and 

means  (137,138)  for  coding  said  resultant  linear 
PCM  sum  to  produce  a  resultant  coded  PCM  sum. 

9.  A  conference  circuit  (20)  for  connection  in  a 
digital  telephone  system  between  a  first  TDM 
(time  division  multiplex)  bus  (21)  for  carrying,  in 
N  distinct  time  slots  of  each  frame,  PCM  (pulse 
code  modulation)  words  to  said  conference 
circuit,  and  a  second  TDM  bus  (38)  for  carrying,  in 
N  distinct  time  slots  of  each  frame,  PCM  words 
from  said  conference  circuit,  for  establishing  a 
conference  connection  between  N-conferees 



wherein  N  is  a  positive  integer,  3:SN,  said 
conference  circuit  comprising: 

addressable  memory  means  (41),  responsive  to 
said  PCM  words  on  said  first  TDM  bus,  for  storing 
the  N  PCM  words  received  on  said  first  TDM  bus 
during  said  N  time  slots,  in  a  sequential  and  cyclic 
fashion, 

characterised  in  that  said  conference  circuit 
includes  code  means  (25)  for  forming  and  for 
storing  N  loudness  codes,  each  said  loudness 
code  is  associated  with  one  conferee  and  is 
derived  from  the  absolute  magnitude  of  the  PCM 
words  in  that  conferee's  time  slot  on  said  first 
TDM  bus; 

selection  means  (32,  39)  for  choosing,  for  each 
conferee,  two  loudness  codes  excluding  the  loud- 
ness  code  associated  with  said  conferee,  and  for 
reading  from  said  memory  means  (41),  for  each 
conferee,  the  two  most  recently  stored  PCM 
words  from  memory  locations  corresponding  to 
the  two  conferees  associated  with  the  two  chosen 
loudness  codes;  and 

summation  means  (36,  117)  both  for 
attenuating  said  two  PCM  words,  so  read  by  said 
selection  means,  by  inserting  a  predetermined 
loss  into  each  said  PCM  word  based  upon  the 
magnitudes  of  said  loudness  codes  associated 
with  the  conferees  from  which  the  PCM  words 
were  selected  and  for  summing  said  two 
attenuated  PCM  words  and  producing  a  resultant 
PCM  word  on  said  second  TDM  bus  during  the 
time  slot  corresponding  to  said  conferee. 

10.  The  conference  circuit  of  claim  9  wherein 
said  predetermined  loss,  for  each  pair  of  PCM 
words  to  be  summed,  is  less  for  the  PCM  word 
having  the  larger  associated  loudness  code. 

11.  The  conference  circuit  of  claim  9  wherein 
said  predetermined  loss  is  zero. 

12.  The  conference  circuit  of  claim  9  or  10 
wherein  said  two  loudness  codes  are  chosen 
according  to  their  magnitudes. 

13.  The  conference  circuit  of  claim  9  wherein 
said  predetermined  loss  may  be  zero,  and 
wherein  the  two  largest  loudness  codes  are 
chosen. 

14.  The  conference  circuit  of  claim  9,,10  or  13 
wherein  N  equals  six. 

15.  A  conference  circuit  interconnection  for  a 
twenty-six  party  conference  wherein  six 
conference  circuits  (150),  each  constructed 
according  to  claim  1,  5  or  13,  wherein  N=6,  are 
employed;  five  of  said  conference  circuits  interact 
with  signals  from  five  conferees  each,  and  the 
remaining  five  ports,  one  from  each  of  said  first 
five  conference  circuits,  connect  to  five  ports  of 
said  sixth  conference  circuit  (150a),  and  the 
remaining  sixth  port  of  said  sixth  conference 
circuit  interacts  with  signals  from  one  conferee. 

16.  A  conference  circuit  (20)  for  connection  in  a 
digital  telephone  system  between  a  first  TDM 
(time  division  multiplex)  bus  (21)  for  carrying,  in 
N  distinct  time  slots  of  each  frame,  PCM  (pulse 
code  modulation)  words  to  said  conference 
circuit,  and  a  second  TDM  bus  (38)  for  carrying,  in 
N  distinct  time  slots  of  each  frame,  PCM  words 

from  said  conference  circuit,  for  establishing  an 
N-party  conference  connection  between  a  first 
conferee  and  (N-1)  other  conferees,  wherein  N  is 
a  positive  integer,  3sN,  said  conference  circuit 
(20)  comprising: 

memory  means  (24),  responsive  to  said  PCM 
words  on  said  first  TDM  bus  (21),  for  storing  the  N 
most  recent  PCM  words  received  on  said  first 
TDM  bus  during  said  N  time  slots,  characterised 
in  that  said  conference  circuit  includes 

code  means  (25)  for  forming  and  for  storing  N 
loudness  codes,  each  said  loudness  code  is 
associated  with  one  conferee  and  is  derived  from 
the  absolute  magnitude  of  the  PCM  words  in  that 
conferee's  time  slot  on  said  first  TDM  bus; 

selection  means  (32,  29)  responsive  to  loudness 
codes  stored  in  said  code  means  (25)  for  choos- 
ing,  for  said  first  conferee,  two  PCM  words  to  be 
read  from  the  PCM  words  stored  in  said  memory 
means,  excluding  the  PCM  word  originating  from 
said  first  conferee,  and  for  reading  from  said 
memory  means,  for  said  first  conferee,  said  two 
chosen  PCM  words;  and 

summation  means  (36)  for  adding  together  said 
two  PCM  words,  so  read  by  said  selection  means, 
and  producing  a  resultant  PCM  word  on  said 
second  TDM  bus  (38)  during  the  time  slot  corres- 
ponding  to  said  first  conferee. 

17.  The  conference  circuit  of  claim  16  wherein 
said  two  PCM  words  are  chosen  by  selecting  two 
loudness  codes,  and  to  choose  as  the  two  PCM 
words,  from  the  N  PCM  words  stored  in  said 
memory  means  (24),  the  two  PCM  words 
associated  with  the  two  selected  loudness  codes. 

18.  The  conference  circuit  of  claims  16  or  17 
wherein  N  equals  either  three  or  six. 

19.  The  conference  circuit  of  claim  17  wherein 
said  two  chosen  loudness  codes  are  the  loudness 
codes  having  the  largest  magnitude  and  the 
second  largest  magnitude. 

20.  The  conference  circuit  of  claim  19  wherein  N 
equals  either  three  or  six. 

21.  A  conference  circuit  (20)  for  connection  in  a 
digital  telephone  system  between  a  first  TDM 
(time  division  multiplex)  bus  (21)  for  carrying,  in 
N  distinct  time  slots  of  each  frame,  PCM  (pulse 
code  modulation)  words  to  said  conference 
circuit,  and  a  second  TDM  bus  (38)  for  carrying,  in 
N  distinct  time  slots  of  each  frame,  PCM  words 
from  said  conference  circuit,  for  establishing 
conference  connection  between  each  M 
conferees,  wherein  N and  M  are  each  positive 
integers  Ns:6,  Ma3,  M  is  a  factor  of  N,  and  M<N, 
said  conference  circuit  (20)  comprising: 

memory  means  (24),  responsive  to  said  PCM 
words  on  said  first  TDM  bus,  for  storing  the  N 
most  recent  PCM  words  received  on  said  first 
TDM  bus  during  said  N  time  slots,  characterised 
in  that  said  conference  circuit  further  comprises, 
code  means  (25)  for  forming  and  for  storing  N 
loudness  codes,  each  said  loudness  code  is 
associated  with  one  conferee  and  is  derived  from 
the  absolute  magnitude  of  the  PCM  words  in  that 
conferee's  time  slot  on  said  first  TDM  bus; 

selection  means  (32,  39)  responsive  to  loudness 



codes  stored  in  said  code  means  (25)  for  choos- 
ing,  for  each  said  conferee  of  each  said 
conference  connection,  two  PCM  words  to  be 
read  from  said  memory  means,  excluding  the 
word  originating  from  said  conferee,  and  for 
reading  from  said  memory  means,  for  each  said 
conferee,  said  two  PCM  words;  and 

summation  means  (36)  for  adding  together  said 
two  PCM  words,  so  read  by  said  selection  means, 
and  producing  a  resultant  PCM  sum  word  on  said 
second  TDM  bus  (38)  during  the  time  slot  corres- 
ponding  to  said  conferee. 

22.  The  conference  circuit  of  claim  21  wherein  N 
equals  six  and  M  equals  three. 

23.  The  conference  circuit  of  claim  21  wherein  N 
equals  twenty-four  and  M  equals  either  three, 
four  or  six. 

24.  The  conference  circuit  of  claim  21  wherein  N 
equals  thirty  and  M  equals  either  three,  five  or  six. 

25.  The  conference  circuit  of  claim  21,  22,  23  or 
24  wherein  said  two  PCM  words  are  chosen  by 
selecting  for  each  said  conferee  of  each  said 
conference  connection,  two  loudness  codes, 
excluding  the  loudness  code  of  said  conferee,  and 
to  choose  as  the  two  PCM  words,  from  the  N  PCM 
words  stored  in  said  memory  means,  the  two 
PCM  words  associated  with  the  two  selected 
loudness  codes. 

26.  A  method  of  providing  a  conference  circuit 
interconnection  in  a  digital  telephone  system  for 
N  conferees,  wherein  N  is  a  positive  integer, 
3:SN:s32,  and  wherein  said  telephone  system  has 
a  first  TDM  (time  division  multiplex)  bus  (21)  for 
carrying,  in  N  distinct  time  slots  of  each  frame, 
PCM  (pulse  code  modulation)  words  to  said 
conference  circuit  (20),  and  a  second  TDM  bus 
(38)  for  carrying,  in  N  distinct  time  slots  of  each 
frame,  PCM  words  from  said  conference  circuit, 
said  method  comprising: 

storing  the  N  PCM  words  received  on  said  first 
TDM  bus  during  said  N  time  slots,  and  excluding 
for  each  conferee  the  PCM  word  originating  from 
said  conferee,  characterised  in  that  the  method 
further  includes  choosing  for  each  said  conferee, 
two  PCM  words  from  the  remaining  N  most 
recently  stored  PCM  words,  excluding  the  PCM 
word  originating  from  said  conferee; 

summing,  for  each  said  conferee,  said  two 
chosen  PCM  words  and  outputting  the  resultant 
PCM  sum  on  said  second  TDM  bus. 

27.  The  method  of  claim  26  wherein  said  two 
PCM  words  are  chosen  on  the  basis  of  their 
absolute  magnitude,  in  each  of  said  N  time  slots. 

28.  The  method  of  claim  26  further  including  the 
step  of  forming  and  storing  N  loudness  codes, 
one  for  each  said  conferee,  based  upon  the 
absolute  magnitude  of  the  PCM  words  received  in 
each  conferee's  respective  time  slot,  such  that  the 
magnitude  of  each  said  loudness  code  increases 
with  an  increase  in  the  absolute  magnitude  of  the 
PCM  words  from  said  respective  conferee  and 
decreases  with  a  decrease  in  the  absolute 
magnitude  of  the  PCM  words  from  said  respective 
conferee;  and  said  two  PCM  words  are  chosen  by 
selecting  for  each  said  conferee,  from  the  N 

stored  PCM  words,  two  PCM  words  corres- 
ponding  to  the  two  loudness  codes  with  the 
greatest  magnitudes,  excluding  the  loudness 
code  associated  with  said  conferee. 

29.  The  method  of  claim  28  further  including  the 
step  of  inserting  predetermined  losses  (which 
may  be  zero)  into  the  two  chosen  PCM  words, 
prior  to  summing  said  PCM  words;  said  pre- 
determined  losses  depending  upon  the  relative 
magnitude  of  the  loudness  codes  associated 
therewith. 

30.  The  method  of  claim  28  further  including  the 
step  of  inserting  predetermined  losses  (which 
may  be  zero)  into  the  two  chosen  PCM  words, 
prior  to  summing  said  PCM  words;  said  pre- 
determined  losses  depending  upon  the  absolute 
magnitude  of  the  loudness  codes  associated 
therewith. 

31.  A  method  of  providing  a  conference  circuit 
interconnection  in  a  digital  telephone  system  for 
N  conferees,  wherein  N  is  a  positive  integer, 
3<N<32,  and  wherein  said  telephone  system  has 
a  first  TDM  (time  division  multiplex)  bus  (21)  for 
carrying,  in  N  distinct  time  slots  of  each  frame, 
PCM  (pulse  code  modulation)  words  to  said 
conference  circuit  (20),  and  a  second  TDM  bus 
(38)  for  carrying,  in  N  distinct  time  slots  of  each 
frame,  PCM  words  from  said  conference  circuit, 
said  method  comprising: 

storing,  in  a  sequential  and  cyclic  fashion  in  a 
memory  means  (24),  the  N  PCM  words  received 
on  said  first  TDM  bus  during  said  N  time  slots; 

forming  and  storing,  in  a  sequential  and  cyclic 
fashion,  N  loudness  codes,  one  for  each  said 
conferee,  based  upon  the  absolute  magnitude  of 
the  PCM  words  received  in  each  conferee's 
respective  time  slot,  such  that  the  magnitude  of 
each  said  loudness  code  increases  with  an 
increase  in  the  absolute  magnitude  of  the  PCM 
words  from  said  respective  conferee,  and 
decreases  with  a  decrease  in  the  absolute 
magnitude  of the  PCM  words  from  said  respective 
conferee; 

determining,  for  each  said  conferee,  which  two 
of  said  N  most  recently  stored  PCM  words  in  said 
memory  means  (24)  are  to  be  read  by  choosing 
the  two  PCM  words  corresponding  to  the  two 
loudness  codes,  excluding  the  loudness  code  for 
that  said  conferee,  that  have  the  largest 
magnitudes; 

inserting  predetermined  attenuations  (which 
may  be  zero)  into  the  two  PCM  words  read  from 
said  memory  means; 

summing,  for  each  said  conferee,  said  two  PCM 
words,  so  attenuated,  and  outputting  the 
resultant  PCM  sum  on  said  second  TDM  bus  (38). 

32.  The  method  of  claim  26,  28,  30  or  31 
wherein  N  equals  six. 

1.  Konferenzschaltung  (20)  zum  Anschließen  in 
einem  digitalen  Fernsprechsystem  zwischen 
einem  ersten  TDM-(time  division  multiplex=Zeit- 
multiplex-)Bus  (21)  zum  Übertragen  von  PCM- 



(pulse  code  modulation=lmpulscodemodula- 
tions-)Worten  in  N  unterschiedlichen  Zeitfen- 
stern  jedes  Rahmens  zu  der  Konferenzschalt- 
ung  (20)  und  einem  zweiten  TDM-Bus  (38) 
zum  Übertragen  von  PCM-Worten  in  N  unter- 
schiedlichen  Zeitfenstern  jedes  Rahmens  von  der 
Konferenzschaltung  (20),  zum  Errichten  einer 
Konferenzverbindung  zwischen  N  Konferenz- 
teilnehmern,  wobei  N  eine  positive  ganze  Zahl  ist, 
3≤N,  und  die  Konferenzschaltung  enthält: 

-   Speichermittel  (24)  zum  Speichern  der  N  an 
dem  ersten  TDM-Bus  (21)  während  der  N 
Zeitfenster  empfangenen  PCM-Worte; 

-   Mittel  (80)  zum  Ausschließen  des  von  dem 
jeweiligen  Konferenzteilnehmer  stammenden 
PCM-Wortes  bei  jedem  Konferenzteilnehmer, 

dadurch  gekennzeichnet,  daß  die  Konferenz- 
schaltung  Mittel  (25,  32)  enthält,  um  für  jeden 
Konferenzteilnehmer  zwei  PCM-Worte  von  den 
restlichen,  in  den  Speichermitteln  gespeicherten 
PCM-Worten  auszuwählen;  und 

Mittel  (36),  um  die  zwei  ausgewählten  PCM- 
Worte  zu  summieren  und  das  sich  ergebende 
PCM-Summenwort  dem  zweiten  TDM-Bus  (38) 
zuzuleiten. 

2.  Konferenzschaltung  nach  Anspruch  1,  bei  der 
die  zwei  PCM-Worte  auf  Grundlage  ihrer  Größe 
ausgewählt  sind. 

3.  Konferenzschaltung  nach  Anspruch  1,  bei  der 
die  zwei  PCM-Worte  auf  Grundlage  des  Absolut- 
wertes  der  PCM-Worte  in  jedem  der  N  Zeitfenster 
während  der  zuletzt  aufgetretenen  Rahmen  aus- 
gewählt  sind. 

4.  Konferenzschaltung  nach  Anspruch  1,  2  oder 
3,  bei  der  N  gleich  sechs  ist. 

5.  Konferenzschaltung  (20)  zum  Anschließen  in 
einem  digitalen  Fernsprechsystem  zwischen 
einem  ersten  TDM-  (time  division  multiplex= 
Zeitmultiplex-)Bus  (21)  zum  Übertragen  von 
PCM-(pulse  code  modulation=lmpulscodemodula- 
tions-)Worten  in  N  unterschiedlichen  Zeitfen- 
stern  jedes  Rahmens  zu  der  Konferenzschaltung 
(20)  und  einem.zweiten  TDM-Bus  (38)  zum  Über- 
tragen  von  PCM-Worten  in  N  unterschiedlichen 
Zeitfenstern  jedes  Rahmens  von  der  Konferenz- 
schaltung  (20),  zum  Erreichten  einer  Konferenz- 
verbindung  zwischen  N  Konferenzteilnehmern, 
wobei  N  eine  positive  ganze  Zahle  ist,  3≤N,  und 
die  Konferenzschaltung  enthält: 

- f ü r   die  PCM-Worte  an  dem  ersten  TDM-Bus 
(21)  zugängliche  Speichermittel  (24),  zum 
Speichern  der  N  an  dem  ersten  TDM-Bus  (21) 
während  der  N  Zeitfenster  empfangenen  PCM- 
Worte, 

dadurch  gekennzeichnet,  daß  die  Konferenz- 
schaltung  enthält: 

-Codiermittel  (25)  zum  Bilden  und  zum 
Speichern  von  N  Lautheit-Coden,  wobei  jeder 
der  Lautheit-Code  einem  Konferenzteilnehmer 

zugeordnet  und  aus  der  absoluten  Größe  der 
PCM-Worte  in  dem  Zeitfenster  des  betreff- 
enden  Konferenzteilnehmers  an  dem  ersten 
TDM-Bus  (21)  abgeleitet  ist; 

-Auswahlmittel  (32,  39)  zum  Auswählen  von 
zwei  Lautheit-Coden  für  jeden  Konferenz- 
teilnehmer,  ausschließlich  des  dem  betreff- 
enden  Konferenzteilnehmer  zugeordneten 
Lautheit-Codes  und  zum  Auslesen  aus  den 
Speichermitteln  (24)  der  zwei  letzten  PCM- 
Worte  für  jeden  Konferenzteilnehmer,  die  den 
den  zwei  ausgewählten  Lautheit-Coden  zuge- 
ordneten  zwei  Konferenzteilnehmern 
entsprechen; 

- Summierungsmittel  (36)  zum  Zusammen- 
zählen  der  so  durch  die  Auswahlmittel 
ausgelesenen  zwei  PCM-Worte  und  Erzeugen 
eines  sich  ergebenden  PCM-Wortes  an  dem 
zweiten  TDM-Bus  während  des  dem 
Konferenzteilnehmer  entsprechenden  Zeit- 
fensters. 

6.  Konferenzschaltung  nach  Anspruch  5,  bei  der 
die  beiden  Lautheit-Code  entsprechend  ihren 
Größen  ausgewählt  sind. 

7.  Konferenzschaltung  nach  Anspruch  5  oder  6, 
bei  der  N  gleich  sechs  ist. 

8.  Konferenzschaltung  nach  Anspruch  5  oder  6, 
bei  der  die  PCM-Worte  nichtlinear  codierte  PCM- 
Worte  sind  und  die  Summiermittel  (36)  enthalten: 

- Mittel  (21)  zum  Linearisieren  der  nichtlinear 
codierten  PCM-Worte  zum  Erzeugen  linear 
codierter  PCM-Worte; 

- Mittel  (126,  127)  zum  Addieren  der  linear 
codierten  PCM-Worte  zum  Erzeugen  einer  sich 
ergebenden  linearen  PCM-Summe;  und 

- Mittel  (137,  138)  zum  Codieren  der  sich 
ergebenden  linearen  PCM-Summe  zum 
Erzeugen  einer  sich  ergebenden  codierten 
PCM-Summe. 

9.  Konferenzschaltung  (20)  zum  Anschließen  in 
einem  digitalen  Fernsprechsystem  zwischen 
einem  "ersten  TDM-  (time  division  multi- 
plex=Zeitmultiplex-)Bus  (21)  zum  Übertragen 
von  PCM  (pulse  code  modulation=lmpulscode- 
modulations-)Worten  in  N  unterschiedlichen 
Zeitfenstern  jedes  Rahmens  zu  der  Konferenz- 
schaltung  (20)  und  einem  zweiten  TDM-Bus 
(38)  zum  Übertragen  von  PCM-Worten  in  N  unter- 
schiedlichen  Zeitfenstern  jedes  Rahmens  von  der 
Konferenzschaltung  (20),  zum  Errichten  einer 
Konferenzverbindung  zwischen  N  Konferenzteil- 
nehmern,  wobei  N  eine  positive  ganze  Zahl  ist, 
3≤N,  und  die  Konferenzschaltung  enthält: 

-adressierbare,  für  die  PCM-Worte  an  dem 
ersten  TDM-Bus  zugängliche  Speichermittel 
(41)  zum  Speichern  der  an  dem  ersten  TDM- 
Bus  während  der  N  Zeitfenster  erhaltenen  N 
PCM-Worte  in  sequentieller  und  zyklischer 
Weise, 



dadurch  gekennzeichnet,  daß  die  Konferenz- 
schaltung  enthält: 

- Codiermittel  (25)  zum  Bilden  und  zum  Speich- 
ern  von  N  Lautheit-Coden,  wobei  jeder  Lautheit 
-Code  einem  Konferenzteilnehmer  zugeordnet 
und  von  der  absoluten  Größe  der  PCM-Worte 
in  dem  Zeitfenster  des  betreffenden  Konferenz- 
teilnehmers  an  dem  ersten  TDM-Bus  abgeleitet 
ist; 

-Auswahlmittel  (32,  39)  zum  Auswählen  von 
zwei  Lautheit-Coden  für  jeden  Konferenz- 
teilnehmer  ausschließlich  des  dem  betreff- 
enden  Konferenzteilnehmer  zugeordneten 
Lautheit  -Codes  und  zum  Auslesen  für  jeden 
Konferenzteilnehmer  aus  den  Speichermitteln 
(41)  der  beiden  zuletzt  gespeicherten  PCM- 
Worte  von  Speicherplätzen,  die  den  beiden  den 
zwei  ausgewählten  Lautheit-Coden  zuge- 
ordneten  Konferenzteilnehmern  entsprechen; 
und 

- Summiermittel  (36,  117),  beide  zum 
Abschwächen  der  beiden  durch  die  Auswahl- 
mittel  so  ausgelesenen  PCM-Worte  durch  Ein- 
setzen  eines  vorbestimmten  Verlustes  in  jedes 
solche  PCM-Wort  auf  Grundlage  der  Größen 
der  den  Konferenzteilnehmern  zugeordneten 
Lautheit-Code,  für  welche  die  PCM-Worte  aus- 
gewählt  sind,  und  zum  Summieren  der  beiden 
abgeschwächten  PCM-Worte  und  Erzeugen 
eines  sich  ergebenden  PCM-Wortes  an  dem 
zweiten  TDM-Bus  während  des  dem 
Konferenzteilnehmer  entsprechenden  Zeit- 
fensters. 

10.  Konferenzschaltung  nach  Anspruch  9,  bei 
der  der  vorbestimmte  Verlust  für  jedes  sum- 
mierende  PCM-Wortpaar  für  das  PCM-Wort  mit 
dem  größeren  zugeordneten  Lautheit-Code  klein- 
er  ist. 

11.  Konferenzschaltung  nach  Anspruch  9,  bei 
der  der  vorbestimmte  Verlust  null  ist. 

12.  Konferenzschaltung  nach  Anspruch  9  oder 
10,  bei  der  die  beiden  Lautheit-Code  entsprech- 
end  ihrer  Größe  ausgewählt  sind. 

13.  Konferenzschaltung  nach  Anspruch  9,  bei 
der  der  vorbestimmte  Verlust  null  sein  kann,  und 
bei  der  die  zwei  größten  Lautheit-Codes  aus- 
gewählt  sind. 

14.  Konferenzschaltung  nach  Anspruch  9,  10 
oder  13,  bei  der  N  gleich  sechs  ist. 

15.  Konferenzschaltung-Verbindung  für  eine 
Konferenz  mit  sechsundzwanzig  Konferenzteil- 
nehmern,  bei  der  sechs  jeweils  nach  Anspruch  1, 
5  oder  13  aufgebaute  Konferenzschaltungen 
(150),  bei  denen  N=6,  benutzt  werden,  wobei  fünf 
der  Konferenzschaltungen  mit  Signalen  von 
jeweils  fünf  Konferenzteilnehmern  in  Einwirkung 
treten  und  die  restlichen  fünf  Anschlüsse,  je  einer 
von  jeder  der  ersten  fünf  Konferenzschaltungen 
mit  fünf  Anschlüssen  der  sechsten  Konferenz- 
schaltung  (150a)  verbinden  und  der  restliche 
sechste  Anschluß  der  sechsten  Konferenz- 
schaltung  mit  Signalen  von  einem  Konferenz- 
teilnehmer  in  Einwirkung  tritt. 

16.  Konferenzschaltung  (20)  zum  Anschließen 
in  einem  digitalen  Fernsprechsystem  zwischen 
einem  ersten  TDM-  (time  division  multi- 
plex=Zeitmultiplex-)Bus  (21)  zum  Übertragen 
von  PCM  (pulse  code  modulation=lmpulscode- 
modulations-)Worten  in  N  unterschiedlichen  Zeit- 
fenstern  jedes  Rahmens  zu  der  Konferenzschalt- 
ung  (20)  und  einem  zweiten  TDM-Bus  (38)  zum 
Übertragen  von  PCM-Worten  in  N  unter- 
schiedlichen  Zeitfenstern  jedes  Rahmens  von  der 
Konferenzschaltung  (20),  zum  Errichten  einer 
Konferenzverbindung  zwischen  N  Konferenz- 
teilnehmern,  wobei  N  eine  positive  ganze  Zahl  ist, 
3:SN,  und  die  Konferenzschaltung  enthält: 

- f ü r   die  PCM-Worte  an  dem  ersten  TDM-Bus 
(21)  zugängliche  Speichermittel  (24)  zum 
Speichern  der  N  zuletzt  an  dem  ersten  TDM- 
Bus  während  der  N  Zeitfenster  empfangenen 
PCM-Worte, 

dadurch  gekennzeichnet,  daß  die  Konferenz- 
schaltung  enthält: 

- Codiermittel  (25)  zum  Bilden  und  zum  Speich- 
ern  von  N  Lautheit-Coden,  wobei  jeder  solcher 
Lautheit-Code  einem  Konferenzteilnehmer 
zugeordnet  und  aus  der  absoluten  Größen  der 
PCM-Worte  in  dem  Zeitfenster  des  betreff- 
enden  Konferenzteilnehmers  an  dem  ersten 
TDM-Bus  abgeleitet  ist; 

- für  die  in  den  Codiermitteln  (25)  gespeicherten 
Lautheit-Coden  zugängliche  Auswahlmittel 
(32,  29),  um  für  den  ersten  Konferenz- 
teilnehmer  aus  den  in  den  Speichermitteln 
gespeicherten  PCM-Worten  zwei  auszulesende 
PCM-Worte  auszuwählen,  ausschließlich  des 
von  dem  ersten  Konferenzteilnehmer  her- 
rührenden  PCM-Wortes,  und  um  für  den  ersten 
Konferenzteilnehmer  aus  den  Speichermitteln 
die  zwei  ausgewählten  PCM-Worte  aus- 
zulesen;  und 

- Summiermittel  (36)  zum  Zusammenaddieren 
der  beiden  so  durch  die  Auswahlmittel  aus- 
gelesenen  PCM-Worte  und  zum  Erzeugen 
eines  sich  ergebenden  PCM-Wortes  an  dem 
zweiten  TDM-Bus  (38)  während  des  dem  ersten 
Konferenzteilnehmer  entsprechenden  Zeit- 
fensters. 

17.  Konferenzschaltung  nach  Anspruch  16,  bei 
der  die  zwei  PCM-Worte  durch  Auswählen  zweier 
Lautheit-Code  gewählt  sind  und  um  als  die  zwei 
PCM-Worte  von  den  in  den  Speichermitteln  (24) 
gespeicherten  N  PCM-Worten  die  zwei  den  zwei 
ausgewählten  Lautheit-Coden  zugeordneten 
PCM-Worte  auszuwählen. 

18.  Konferenzschaltung  nach  Anspruch  16  oder 
17,  bei  der  N  entweder  gleich  drei  oder  gleich 
sechs  ist. 

19.  Konferenzschaltung  nach  Anspruch  17,  bei 
der  die  beiden  gewählten  Lautheit-Code  die 
Lautheit-Code  mit  der  größten  Größe  und  der 
zweitgrößten  Größe  sind. 



20.  Konferenzschaltung  nach  Anspruch  19,  bei 
der  N  entweder  gleich  drei  oder  gleich  sechs  ist. 

21.  Konferenzschaltung  (20)  zum  Anschließen 
in  einem  digitalen  Fernsprechsystem  zwischen 
einem  ersten  TDM-  (time  division  multi- 
plex=Zeitmultiplex-)Bus  (21)  zum  Übertragen 
von  PCM  (pulse  code  modulations=lmpulscode- 
modulations-)Worten  in  N  unterschiedlichen  Zeit- 
fenstern  jedes  Rahmens  zu  der  Konferenzschalt- 
ung  (20)  und  einem  zweiten  TDM-Bus  (38) 
zum  Übertragen  von  PCM-Worten  in  N  unter- 
schiedlichen  Zeitfenstern  jedes  Rahmens  von  der 
Konferenzschaltung,  zum  Errichten  von  Kon- 
ferenzverbindung  zwischen  jeweils  M  Kon- 
ferenzteilnehmers,  wobei  N  und  M  jeweils 
positive  ganze  Zahlen  sind,  N>6,  M≥3,  Mein 
Faktor  von  N  ist  und  M<N,  und  die  Konferenz- 
schaltung  (20)  enthält: 

- fü r   die  PCM-Worte  an  dem  ersten  TDM-Bus 
zugängliche  Speichermittel  (24)  zum  Speichern 
der  an  dem  ersten  TDM-Bus  während  der  N 
Zeitfenster  empfangenen  N  letzten  PCM- 
Worte,  dadurch  gekennzeichnet,  daß  die 
Konferenzschaltung  weiter  enthält 

- Codiermittel  (25)  zum  Bilden  und  zum  Speich- 
ern  von  N  Lautheit  -Coden,  wobei  jeder  solche 
Lautheit-Code  einem  Konferenzteilnehmer 
zugeordnet,  und  von  der  absoluten  Größe  der 
PCM-Worte  in  dem  Zeitfenster  des  betreff- 
enden  Konferenzteilnehmers  an  dem  ersten 
TDM-Bus  abgeleitet  ist; 

- f ü r   in  den  Codier-Mittelrl  (25)  gespeicherte 
Lautheit-Code  zugängliche  Auswahlmittel  (32, 
39),  um  für  jeden  Konferenzteilnehmer  in  jeder 
Konferenzverbindung  zwei  aus  den  Speicher- 
mitteln  auszulesende  PCM-Worte,  aus- 
schließlich  dem  von  dem  betreffenden 
Konferenzteilnehmer  entstandenen  Wort,  aus- 
zuwählen,  und  aus  den  Speichermitteln  für 
jeden  Konferenzteilnehmer  die  zwei  PCM- 
Worte  auszulesen;  und 

- Summiermittel  (36)  zum  Zusammenaddieren 
der  zwei  so  durch  die  Auswahlmittel  aus- 
gelesenen  PCM-Worte  und  zum  Erzeugen 
eines  sich  ergebenden  PCM-Summenwortes 
an  dem  zweiten  TDM-Bus  (38)  während  des 
dem  Konferenzteilnehmer  entsprechenden 
Zeitfensters. 

22.  Konferenzschaltung  nach  Anspruch  21,  bei 
der  N  gleich  sechs  und  M  gleich  drei  ist. 

23.  Konferenzschaltung  nach  Anspruch  21,  bei 
der  N  gleich  vierundzwanzig  und  M  entweder 
gleich  3,  gleich  4  oder  gleich  sechs  ist. 

24.  Konferenzschaltung  nach  Anspruch  21,  bei 
der  N  gleich  dreißig  und  M  entweder  gleich  drei, 
fünf  oder  sechs  ist. 

25.  Konferenzschaltüng  nach  Anspruch  21,  22, 
23,  oder  24,  bei  der  die  beiden  PCM-Worte 
gewählt  werden  durch  Auswählen  von  Lautheit- 
Coden  für  jeden  Konferenzteilnehmer  von  jeder 
der  Konferenzverbindung  ausschließlich  dem 
Lautheit  -Code  des  betreffenden  Konferenz- 
teilnehmers  und  als  die  zwei  PCM-Worte  von  den 

N  in  den  Speichermitteln  gespeicherten  PCM- 
Worten  die  zwei  den  zwei  ausgewählten  Lautheit 
-Coden  zugeordneten  PCM-Worte  auszuwählen. 

26.  Verfahren  zum  Schaffen  einer 
Konferenzschaltungs-Verbindung  bei  einem  digi- 
talen  Fernsprechsystem,  für  N  Konferenz- 
teilnehmer,  wobei  N  eine  positive  ganze  Zahl  ist, 
3<N<32,  und  wobei  das  Fernsprechsystem  einen 
ersten  TDM-(time  division  multiplex=Zeitmulti- 
plex)Bus  (21)  zum  Übertragen  von  PCM-(pulse 
code  modulation=lmpulscodemodulations)- 
Worten  in  N  unterschiedlichen  Zeitfenstern  jedes 
Rahmens  zu  der  Konferenzschaltung  (20)  und 
einen  zweiten  TDM-Bus  (38)  zum  Übertragen 
von  PCM-Worten  in  N  unterschiedlichen  Zeit- 
fenstern  jedes  Rahmens  von  der  Konferenz- 
schaltung  besitzt,  wobei  das  Verfahren  umfaßt: 

- das  Speichern  der  an  dem  ersten  TDM-Bus 
während  der  N  Zeitfenster  empfangenen  N 
PCM-Worte  und  Ausschließen,  für  jeden 
Konferenzteilnehmer,  des  von  dem  betreff- 
enden  Konferenzteilnehmre  stammenden 
PCM-Wortes,  dadurch  gekennzeichnet,  daß 
das  Verfahren  weiter  enthält 

-Auswählen  von  zwei  PCM-Worten  aus  den 
restlichen  N  letzten  PCM-Worten  für  jeden 
Konferenzteilnehmer,  ausschließlich  des  von 
dem  betreffenden  Konferenzteilnehmer  stam- 
menden  PCM-Wortes; 

-Summieren  der  zwei  ausgewählten  PCM- 
Worte  für  jeden  Konferenzteilnehmer  und  Aus- 
geben  der  sich  ergebenden  PCM-Summe  an 
den  zweiten  TDM-Bus. 

27.  Verfahren  nach  Anspruch  26,  bei  dem  die 
zwei  PCM-Worte  auf  Grundlage  ihrer  absoluten 
Größe  in  jedem  der  N  Zeit  fenster  ausgewählt 
werden. 

28.  Verfahren  nach  Anspruch  26,  weiter  ein- 
schließend  den  Schritt  des  Bildens  und  Speich- 
erns  von  N  Lautheit-Coden,  je  einen  für  jeden  der 
Konferenzteilnehmer,  auf  Grundlage  der  abso- 
luten  Größe  der  in  dem  jeweiligen  Zeitfenster 
jedes  Konferenzteilnehmers  empfangenen  PCM- 
Worte,  in  der  Weise,  daß  die  Größe  jedes  der 
Lautheit-Coden  mit  einer  Zunahme  der  absoluten 
Größe  der  PCM-Worte  von  dem  jeweiligen 
Konferenzteilnehmer  zunimmt  und  mit  einer 
Abnahme  der  absoluten  Größe  der  PCM-Worte 
von  dem  jeweiligen  Konferenzteilnehmer 
abnimmt;  und  die  zwei  PCM-Worte  gewählt  wer- 
den  durch  Auswählen  von  zwei  PCM-Worten  für 
jeden  Konferenzteilnehmer,  welche  den  beiden 
Lautheit-Coden  mit  den  größten  Größen  ent- 
sprechen,  ausschließlich  des  dem  betreffenden 
Konferenzteilnehmer  zugeordneten  Lautheit- 
Codes,  aus  den  N  gespeicherten  PCM-Worten. 

29.  Verfahren  nach  Anspruch  28,  weiter  ein- 
schließend  den  Schritt  des  Einsetzens  vor- 
bestimmter  Verluste  (die  null  sein  können)  in  die 
zwei  gewählten  PCM-Worte  vor  dem  Summieren 
der  PCM-Worte;  wobei  die  vorbestimmten  Ver- 
luste  von  der  relativen  Größe  der  zugeordneten 
Lautheit-Code  abhängen. 



30.  Verfahren  nach  Anspruch  28,  weiter  ein- 
schließend  den  Schritt  des  Einsetzens  vor- 
bestimmter  Verluste  (die  null  sein  können)  in  die 
zwei  gewählten  PCM-Worte  vor  dem  Summieren 
der  PCM-Worte;  wobei  die  vorbestimmten  Ver- 
luste  von  der  absoluten  Größe  der  zugeordneten 
Lautheits-Code  anhängen. 

31.  Verfahren  zum  Schaffen  einer  Kon- 
ferenzschaltungs-Verbindung  bei  einem  digi- 
talen  Fernsprechsystem,  für  N  Konferenz- 
teilnehmer,  wobei  N  eine  positive  ganze  Zahl  ist 
3:5N-32  und  wobei  das  Fernsprechsystem  einen 
ersten  TDM-(time  division  multiplex=Zeit- 
multiplex)Bus  (21)  zum  Übertragen  von  PCM- 
(pulse  code  modulation=Impulscodemodula- 
tions)Worten  in  N  unterschiedlichen  Zeit- 
fenstern  jedes  Rahmens  zu  der  Konferenz- 
schaltung  (20)  und  einen  zweiten  TDM-Bus  (38) 
zum  Übertragen  von  PCM-Worten  in  N  unter- 
schiedlichen  Zeitfenstern  jedes  Rahmens  von  der 
Konferenzschaltung  besitzt,  wobei  das  Verfahren 
umfaßt: 

- Speichern  in  sequentieller  und  zyklischer 
Weise  in  einem  Speichermittel  (24)  der  an  dem 
ersten  TDM-Bus  während  der  N  Zeitfenster 
empfangenen  N  PCM-Worte; 

-   Bilden  und  Speichern  in  einer  sequentiellen 
und  zyklischen  Weise  von  N  Lautheit-  Coden,  je 
einen  für  jeden  der  Konferenzteilnehmer,  auf 
Grundlage  der  absoluten  Größe  der  in  dem 
jeweiligen  Zeitfenster  jedes  Konferenz- 
teilnehmers  empfangenen  PCM-Worte  in  der 
Weise,  daß  die  Größe  jedes  der  Lautheit-Code 
mit  einer  Zunahme  der  absoluten  Größe  der 
PCM-Worte  von  dem  jeweiligen  Konferenz- 
teilnehmer  zunimmt  und  mit  einer  Abnahme 
der  absoluten  Größe  der  PCM-Worte  von  dem 
jeweiligen  Konferenzteilnehmer  abnimmt; 

- Bestimmen  für  jeden  Konferenzteilnehmer, 
welche  zwei  der  in  den  Speichermitteln  (24)  N 
zuletzt  gespeicherten  PCM-Worte  auszulesen 
sind  durch  Wählen  der  den  zwei  Lautheit- 
Coden,  ausschließlich  des  Lautheits-Codes  für 
den  betreffenden  Konferenzteilnehmer,  die  die 

-größten  Größen  besitzen,  entsprechenden 
zwei  PCM-Worte; 

- Einsetzen  vorbestimmter  Abschwächungen 
(die  null  sein  können)  in  die  aus  den  Speicher- 
mitteln  ausgelesenen  zwei  PCM-Worte; 

- Summieren  der  zwei  so  abgeschwächten  PCM- 
Worte  für  jeden  Konferenzteilnehmer  und  Aus- 
geben  der  sich  ergebenden  PCM-Summe  an 
den  zweiten  TDM-Bus  (38). 

32.  Verfahren  nach  Anspruch  26,38,30  oder  31, 
bei  dem  N  gleich  sechs  ist. 

1.  Circuit  de  conférence  (20)  pour  connexion 
dans  un  système  téléphonique  numérique  entre 
un  premier  bus  (21)  MPT  (multiplexage  par  par- 
tage  du  temps)  pour  acheminer,  dans  N  inter- 
valles  de  temps  distincts  de  chaque  trame,  des 

mots  MIC  (à  modulation  par  impulsions  codées) 
jusqu'au  circuit  de  conférence  (20)  et  un  second 
bus  MPT  (38)  pour  acheminer,  dans  N  intervalles 
de  temps  distincts  de  chaque  trame,  des  mots 
MIC  à  partir  du  circuit  de  conférence  (20),  pour 
établir  une  connexion  de  conférence  entre  N 
conférenciers,  où  N  est  un  nombre  entier  positif, 
3≤N,  ce  circuit  de  conférence  comprenant: 

un  moyen  de  mémoire  (24)  pour  stocker  les  N 
mots  MIC  provenant  du  premier  bus  MPT  (21) 
pendant  les  N  intervalles  de  temps; 

un  moyen  (80)  pour  exclure  pour  chaque  con- 
férencier  le  mot  MIC  émis  par  le  conférencier, 
caractérisé  en  ce  que  le  circuit  de  conférence 
comprend  des  moyens  (25,  32)  pour  choisir,  pour 
chaque  conférencier,  deux  mots  MIC  parmi  les 
mots  MIC  restant  stockés  dans  le  moyen  de 
mémoire,  et 

un  moyen  (36)  pour  additionner  les  deux  mots 
MIC  choisis  et  pour  appliquer  le  mot  de  somme 
MIC  résultante  au  second  bus  MPT  (38). 

2.  Circuit  de  conférence  selon  la  revendication 
1,  où  les  deux  mots  MIC  sont  choisis  sur  la  base 
de  leur  amplitude. 

3.  Circuit  de  conférence  selon  la  revendication 
1,  où  les  deux  mots  MIC  sont  choisis  sur  la  base 
de  la  valeur  absolue  des  mots  MIC,  dans  chacun 
des  N  intervalles  de  temps,  lors  des  trames  les 
plus  récentes. 

4.  Circuit  de  conférence  selon  la  revendication 
1,  2  ou  3,  où  N  est  égal  à  six. 

5.  Circuit  de  conférence  (2)  pour  connexion 
dans  un  système  téléphonique  numérique  entre 
un  premier  bus  MPT  (21)  (multiplexage  par  par- 
tage  du  temps)  pour  acheminer,  dans  N  inter- 
valles  de  temps  de  chaque  trame,  des  mots  MIC 
(modulation  par  impulsions  codées)  jusqu'au 
circuit  de  conférence  (20),  et  un  second  bus  MPT 
(38)  pour  acheminer,  dans  N  intervalles  de  temps 
distincts  de  chaque  trame,  des  mots  MIC  prove- 
nant  du  circuit  de  conférence  (20),  pour  établir 
une  connexion  de  conférence  entre  N  conféren- 
ciers,  où  N  est  un  entier  positif,  3<N,  ce  circuit  de 
conférence  comprenant: 

un  moyen  de  mémoire  (24),  sensible  aux  mots 
MIC  du  premier  bus  MPT  (21),  pour  stocker  les  N 
mots  MIC  en  provenance  du  premier  bus  MPT 
(21)  lors  des  N  intervalles  de  temps,  caractérisé  en 
ce  que  le  circuit  de  conférence  comprend: 

un  moyen  de  code  (25)  pour  former  et  stocker  N 
codes  d'intensité  sonore,  chaque  code  d'intensité 
sonore  est  associé  à  un  conférencier  et  est  obtenu 
à  partir  de  l'amplitude  absolue  des  mots  MIC  dans 
cet  intervalle  de  temps  du  conférencier  sur  le 
premier  bus  MPT  (21), 

un  moyen  de  sélection  (32,  39)  pour  choisir, 
pour  chaque  conférencier,  deux  codes  d'intensité 
sonore,  excluant  le  code  d'intensité  sonore  asso- 
cié  audit  conférencier,  et  pour  lire  à  partir  du 
moyen  de  mémoire  (24),  pour  chaque  conféren- 
cier,  les  deux  mots  MIC  les  plus  récents  corres- 
pondant  aux  deux  conférenciers  associés  aux 
deux  codes  d'intensité  sonore  choisis; 

un  moyen  de  sommation  (36)  pour  ajouter 
ensemble  les  deux  mots  MIC,  lus  ainsi  par  le 



moyen  de  sélection,  et  produire  un  mot  MIC 
résultant  sur  le  second  bus  MPT  lors  de  l'inter- 
valle  de  temps  correspondant  au  conférencier. 

6.  Circuit  de  conférence  selon  la  revendication 
5,  où  les  deux  codes  d'intensité  sonore  sont 
choisis  en  fonction  de  leurs  amplitudes. 

7.  Circuit  de  conférence  selon  la  revendication 
5,  ou  la  revendication  6,  où  N  est  égal  à  6. 

8.  Circuit  de  conférence  selon  la  revendication  5 
ou  la  revendication  6,  où  les  mots  MIC  sont  des 
mots  MIC  codés  non  linéairement  et  le  moyen  de 
sommation  (36)  comprend: 

un  moyen  (21)  pour  linéariser  les  mots  MIC 
codés  non  linéairement  afin  de  produire  des  mots 
MIC  codés  linéairement, 

un  moyen  (126,127)  pour  ajouter  les  mots  MIC 
codés  linéairement  et  produire  une  somme  MIC 
linéaire  résultante;  et 

un  moyen  (137, 138)  pour  coder  la  somme  MIC 
linéaire  résultante  et  produire  une  somme  MIC 
codée  résultante. 

9.  Circuit  de  conférence  (20)  pour  connexion 
dans  un  système  téléphonique  numérique  entre 
un  premier  bus  TDM  (21)  (à  multiplexage  par 
partage  du  temps)  pour  acheminer,  dans  N  inter- 
valles  de  temps  distincts  de  chaque  trame,  des 
mots  MIC  (modulation  par  impulsions  codées) 
jusqu'au  circuit  de  conférence,  et  un  second  bus 
MPT  (38)  pour  acheminer,  dans  N  intervalles  de 
temps  distincts  de  chaque  trame,  des  mots  MIC  à 
partir  du  circuit  de  conférence,  afin  d'établir  une 
liaison  de  conférence  entre  N  conférenciers  où  N 
est  un  nombre  entier  positif,  35N,  ce  circuit  de 
conférence  comportànt: 

Un  moyen  de  mémoire  adressable  (41),  sensi- 
ble  aux  mots  MIC  du  premier  bus  MPT,  pour 
stocker  les  N  mots  MIC  reçus  sur  le  premier  bus 
MPT  lors  des  N  intervalles  de  temps,  d'une  façon 
séquentielle  et  cyclique,  caractérisé  en  ce  que  le 
circuit  de  conférence  comprend  un  moyen  de 
code  (25)  pour  former  et  stocker  N  codes  d'inten- 
sité  sonore,  chaque  code  d'intensité  sonore  est 
associé  à  un  conférencier  et  est  obtenu  à  partir  de 
l'amplitude  absolue  des  mots  MIC  dans  cet  inter- 
valle  de  temps  du  conférencier  sur  le  premier  bus 
MPT; 

un  moyen  de  sélection  (32,  39)  pour  choisir, 
pour  chaque  conférencier,  deux  codes  d'intensité 
sonore  excluant  le  code  d'intensité  sonore  asso- 
cié  audit  conférencier,  et  pour  lire  dans  le  moyen 
de  mémoire  (41),  pour  chaque  conférencier,  les 
deux  mots  MIC  stockés  le  plus  récemment  dans 
les  adresses  de  mémoire  correspondant  aux  deux 
conférenciers  associés  aux  deux  codes  d'intensité 
sonore  choisis;  et 

un  moyen  de  sommation  (36,  117)  tant  pour 
atténuer  les  deux  mots  MIC,  ainsi  lus  par  le 
moyen  de  sélection,  par  insertion  d'une  perte 
prédéterminée  dans  chaque  mot  MIC  sur  la  base 
des  amplitudes  des  codes  d'intensité  sonore 
associés  au  conférencier  d'où  les  mots  MIC  ont 
été  choisis  que  pour  faire  la  somme  des  deux 
mots  MIC  atténués  et  produire  un  mot  MIC 
résultant  sur  le  second  bus  MPT  lors  de  l'interval- 
le  de  temps  correspondant  audit  conférencier. 

10.  Circuit  de  conférence  selon  la  revendication 
9,  où  la  perte  prédéterminée,  pour  chaque  paire 
de  mots  MIC  devant  être  ajoutés,  est'inférieure 
pour  le  mot  MIC  ayant  le  code  d'intensité  sonore 
associé  le  plus  grand. 

11.  Circuit  de  conférence  selon  la  revendication 
9  où  la  perte  prédéterminée  est  nulle. 

12.  Circuit  de  conférence  selon  la  revendication 
9  ou  la  revendication  10,  où  les  deux  codes 
d'intensité  sonore  sont  choisis  en  fonction  de 
leurs  amplitudes. 

13.  Circuit  de  conférence  selon  la  revendication 
9,  où  la  perte  prédéterminée  peut  être  nulle,  et  où 
les  deux  codes  d'intensité  sonore  les  plus  grands 
sont  choisis. 

14.  Circuit  de  conférence  selon  la  revendication 
9,  la  revendication  10  oula  revendication  13,  où  N 
est  égal  à  six. 

15.  Interconnexion  de  circuits,  de  conférence 
pour  une  conférence  à  vingt-six  participants,  où 
six  circuits  de  conférence  (150),  chacun  construit 
selon  la  revendication  1,  la  revendication  5  ou  la 
revendication  13,  où  N  est  égal  six,  sont  em- 
ployés;  cinq  des  circuits  de  conférence  inter- 
agissent  avec  des  signaux  provenant  de  cinq 
conférenciers  chacun,  et  les  cinq  points  d'accès 
restants,  un  en  provenance  de  chacun  des  cinq 
premiers  circuits  de  conférence,  font  la  connexion 
avec  les  cinq  points  a'accès  du  sixième  circuit  de 
conférence  (150a)  et  le  sixième  point  d'accès 
restant  du  sixième  circuit  de  conférence  interagit 
avec  des  signaux  provenant  d'un  conférencier. 

16.  Circuit  de  conférence  (20)  pour  connexion 
dans  un  système  téléphonique  numérique  entre 
un  premier  bus  MPT  (21)  (multiplexage  par  par- 
tage  du  temps)  pour  acheminer,  dans  N  inter- 
valles  de  temps  distincts  de  chaque  trame,  des 
mots  MIC  (modulation  par  impulsions  codées) 
jusqu'au  circuit  de  conférence,  et  un  second  bus 
MPT  (38)  (multiplexage  par  partage  du  temps) 
dans  N  intervalles  de  temps  distincts  de  chaque 
trame,  des  mots  MIC  provenant  du  circuit  de 
conférence,  pour  établir  une  liaison  de  conférence 
de  N  participants  entre  un  premier  conférencier  et 
(N~-1)  autres  conférenciers,  où  N  est  un  nombre 
entier  positif,  3GN,  ce  circuit  de  conférence  (20) 
comprenant: 

un  moyen  de  mémoire  (24),  sensible  aux  mots 
MIC  du  premier  bus  MPT  (21),  pour  stocker  les  N 
mots  MIC  les  plus  récents  reçus  sur  le  premier 
bus  MPT  lors  des  N  intervalles  de  temps,  carac- 
térisé  en  ce  que  le  circuit  de  conférence  com- 
prend: 

un  moyen  de  code  (25)  pour  former  et  stocker  N 
codes  d'intensité  sonore,  chaque  code  d'intensité 
sonore  est  associé  à  l'un  des  conférenciers  et 
obtenu  à  partir  de  l'amplitude  absolue  des  mots 
MIC  dans  l'intervalle  de  temps  de  ce  conférencier 
sur  le  premier  bus  MPT; 

un  moyen  de  sélection  (32,  39)  sensible  aux 
codes  d'intensité  sonore  stockés  dans  le  moyen 
de  code  (25)  pour  choisir,  pour  le  premier  con- 
férencier,  deux  mots  MIC  devant  être  lus  à  partir 
des  mots  MIC  stockés  dans  le  moyen  de  mémoire, 
excluant  le  mot  MIC  ayant  pour  origine  le  premier 



conférencier,  et  pour  lire  dans  le  moyen  de 
mémoire,  pour  le  premier  conférencier,  les  deux 
mots  MIC  choisis;  et 

un  moyen  de  sommation  (36)  pour  ajouter 
ensemble  les  deux  mots  MIC,  ainsi  lus  par  le 
moyen  de  sélection,  et  produire  un  mot  MIC 
résultant  sur  le  second  bus  MPT  (38)  lors  de 
l'intervalle  de  temps  correspondant  au  premier 
conférencier. 

17.  Circuit  de  conférence  selon  la  revendication 
16,  où  les  deux  mots  MIC  sont  choisis  en  sélec- 
tionnant  deux  codes  d'intensité  sonore,  et  pour 
choisir  comme  les  deux  mots  MIC,  à  partir  des  N 
mots  MIC  stockés  dans  le  moyen  de  mémoire 
(24),  les  deux  mots  MIC  associés  aux  deux  codes 
d'intensité  sonore  sélectionnés. 

18.  Circuit  de  conférence  selon  la  revendication 
16  ou  la  revendication  17,  où  N  est  égal  soit  à  trois 
soit  à  six. 

19.  Circuit  de  conférence  selon  la  revendication 
17,  où  les  deux  codes  d'intensité  sonore  choisis 
sont  les  codes  d'intensité  sonore  ayant  l'ampli- 
tude  la  plus  grande  et  la  seconde  amplitude  la 
plus  grande. 

20.  Circuit  de  conférence  selon  la  revendication 
19,  où  N  est  égal  soit  à  trois  soit  à  six. 

21.  Circuit  de  conférence  (20)  pour  connexion 
dans  un  système  téléphonique  numérique  entre 
un  premier  bus  MPT  (21)  (multiplexage  par  par- 
tage  du  temps)  pour  acheminer,  dans  N  inter- 
valles  de  temps  distincts  de  chaque  trame,  des 
mots  MIC  (modulation  par  impulsions  codées) 
jusqu'au  circuit  de  conférence,  et  un  second  bus 
MPT  (38)  pour  acheminer,  dans  N  intervalles  de 
temps  distincts  de  chaque  trame,  des  mots  MIC  à 
partir  du  circuit  de  conférence,  afin  d'établir  une 
liaison  de  conférence  entre  chacun  des  M  con- 
férenciers,  où  N  et  M  sont  chacun  des  nombres 
entiers  positifs,  N>6,  Mk3,  M  est  une  facteur  de  N 
et  M<N,  ce  circuit  de  conférence  (20)  compre- 
nant: 

un  moyen  de  mémoire  (24)  sensible  aux  mots 
MIC  sur  le  premier  bus  MPT,  pour  stocker  les  N 
mots  MIC  les  plus  récents  reçus  sur  le  premier 
bus  MPT  lors  des  N  intervalles  de  temps, 

caractérisé  en  ce  que  le  circuit  de  conférence 
comporte  en  outre  un  moyen  de  code  (25)  pour 
former  et  stocker  N  codes  d'intensité  sonore, 
chaque  code  d'intensité  sonore  est  associé  à  un 
conférencier  et  est  obtenu  à  partir  de  l'amplitude 
absolue  des  mots  MIC  dans  cet  intervalle  de 
temps  du  conférencier  sur  le  premier  bus  MPT, 

un  moyen  de  sélection  (32,  39)  sensible  aux 
codes  d'intensité  sonore  stockés  dans  le  moyen 
de  code  (25)  pour  choisir,  pour  chaque  conféren- 
cier  de  chaque  liaison  de  conférence,  deux  mots 
MIC  devant  être  lus  dans  le  moyen  de  mémoire, 
excluant  le  mot  ayant  pour  origine  le  conféren- 
cier,  et  pour  lire  à  partir  du  moyen  de  mémoire, 
pour  chaque  conférencier,  les  deux  mots  MIC;  et 

un  moyen  de  sommation  (36)  pour  ajouter 
ensemble  les  deux  mots  MIC,  ainsi  lus  par  le 
moyen  de  sélection,  et  produire  un  mot  de 
somme  MIC  résultant  sur  le  second  bus  MPT  (38) 

lors  de  l'intervalle  de  temps  correspondant  au 
conférencier. 

22.  Circuit  de  conférence  selon  la  revendication 
21,  où  N  est  égal  à  six  et  M  est  égal  à  trois. 

23.  Circuit  de  conférence  selon  la  revendication 
21,  où  N  est  égal  à  vingt-quatre  et  M  est  égal  soit  à 
trois,  soit  à  quatre,  soit  à  six. 

24.  Circuit  de  conférence  selon  la  revendication 
21,  où  N  est  égal  à  trente  et  M  est  égal  soit  à  trois, 
sont  à  cinq,  soit  à  six. 

25.  Circuit  de  conférence  selon  la  revendication 
21,  22,  23  ou  24,  où  les  deux  mots  MIC  sont 
choisis  en  sélectionnant  pour  chaque  conféren- 
cier  de  chaque  liaison  de  conférence,  deux  codes 
d'intensité  sonore,  excluant  le  code  d'intensité 
sonore  du  conférencier,  et  pour  choisir  comme 
étant  les  deux  mots  MIC,  à  partir  des  N  mots  MIC 
stockés  dans  le  moyen  de  mémoire,  les  deux 
mots  MIC  associés  aux  deux  codes  d'intensité 
sonore  sélectionnés. 

26.  Procédé  de  fourniture  d'une  interconnexion 
de  circuits  de  conférence  dans  un  système 
téléphonique  numérique  pour  N  conférenciers, 
où  N  est  un  nombre  entier  positif,  3:5N:!E:-32,  et  où 
le  système  téléphonique  comporte  un  premier 
bus  MPT  (21)  (multiplexage  par  partage  du 
temps)  pour  acheminer,  dans  N  intervalles  de 
temps  distincts  de  chaque  trame,  des  mots  MIC 
(modulation  par  impulsions  codées)  jusqu'au 
circuit  de  conférence  (20),  et  un  second  bus  MPT 
(38)  pour  acheminer,  dans  N  intervalles  de  temps 
distincts  de  chaque  trame,  des  mots  MIC  en 
provenance  du  circuit  de  conférence,  le  procédé 
comprenant: 

le  stockage  des  N  mots  MIC  reçus  sur  le  premier 
bus  MPT  lors  des  N  intervalles  de  temps,  et 
l'exclusion  pour  chaque  conférencier  du  mot  MIC 
ayant  pour  origine  le  conférencier, 
caractérise  en  ce  que  le  procédé  comporte  en 
outre  le  choix  pour  chaque  conférencier,  de  deux 
mots  MIC  parmi  les  N  mots  MIC  stockés  le  plus 
récemment  restants,  l'exclusion  du  mot  MIC 
ayant  pour  origine  le  conférencier; 

la  sommation,  pour  chaque  conférencier,  des 
deux  mots  MIC  chosis  et  la  sortie  de  la  somme 
MIC  résultante  sur  le  second-bus  MPT. 

27.  Procédé  selon  la  revendication  26,  où  les 
deux  mots  MIC  sont  choisis  sur  la  base  de  leur 
amplitude  absolue,  dans  chacun  des  N  intervalles 
de  temps. 

28.  Procédé  selon  la  revendication  26,  compor- 
tant  en  outre  l'étape  de  formation  et  de  stockage 
de  N  codes  d'intensité  sonore,  un  poure  chaque 
conférencier,  sur  la  base  de  l'amplitude  absolue 
des  mots  MIC  reçus  dans  chaque  intervalle  de 
temps  respectif  du  conférencier,  de  sorte  que 
l'amplitude  de  chaque  code  d'intensité  sonore 
augmente  avec  l'accroissement  de  l'amplitude 
absolue  des  mots  MIC  provenant  du  conférencier 
respectif  et  diminue  avec  le  décroissance  de 
l'amplitude  absolue  des  mots  MIC  provenant  du 
conférencier  respectif;  et  les  deux  mots  MIC  sont 
choisis  par  sélection  pour  chaque  conférencier,  à 
partir  des  N  mots  MIC  stockés,  de  deux  mots  MIC 
correspondant  aux  deux  codes  d'intensité  sonore 



avec  les  amplitudes  les  plus  grandes,  excluant  le 
code  d'intensité  sonore  associé  au  conférencier. 

29.  Procédé  selon  la  revendication  28,  compor- 
tant  en  outre  l'étape  d'insertion  de  pertes  pré- 
déterminées  (qui  peuvent  être  nulles)  dans  les 
deux  mots  MIC  choisis,  avant  la  sommation  des 
mots  MIC;  les  pertes  prédéterminées  dépendant 
de  l'amplitude  relative  des  codes  d'intensité  so- 
nore  qui  leur  sont  associés. 

30.  Procédé  selon  la  revendication  28,  compor- 
tant  en  outre  l'étape  d'insertion  de  pertes  pré- 
déterminées  (qui  peuvent  être  nulles)  dans  le 
deux  mots  MIC  choisis,  avant  la  sommation  des 
mots  MIC;  les  pertes  prédéterminées  dépendant 
de  l'amplitude  absolue  des  codes  d'intensité 
sonore  qui  leur  sont  associés. 

31.  Procédé  de  fourniture  d'une  interconnexion 
de  circuits  de  conférence  dans  le  système 
téléphonique  numérique  pour  N  conférenciers, 
où  N  est  un  nombre  entier  positif  3<N<32,  et  où 
le  système  téléphonique  comporte  un  premier 
bus  MPT  (21)  (multiplexage  par  partage  du 
temps)  pour  acheminer,  dans  N  intervalles  de 
temps  distincts  pour  chaque  trame,  les  mots  MIC 
(modulation  par  impulsions  codées)  jusqu'au 
circuit  de  conférence  (20),  et  un  second  bus  MPT 
(38)  pour  acheminer,  dans  N  intervalles  de  temps 
distincts  de  chaque  trame,  des  mots  MIC  à  partir 
du  circuit  de  conférence,  ce  procédé  comprenant: 

le  stockage,  d'une  façon  séquentielle  et  cycli- 
que  dans  un  moyen  de  mémoire  (24),  des  N  mots 

MIC  reçus  sur  le  premier  bus  MPT  lors  des  N 
intervalles  de  temps; 

la  formation  et  le  stockage,  d'une  façon  séquen- 
tielle  et  cyclique,  de  N  codes  d'intensité  sonore, 
un  code  pour  chaque  conférencier,  sur  la  base  de 
l'amplitude  absolue  des  mots  MIC  reçus  dans 
l'intervalle  de  temps  respectif  de  chaque  circon- 
férencier,  de  sortie  que  l'amplitude  de  chaque 
code  d'intensité  sonore  augmente  avec  un 
accroissement  de  l'amplitude  absolue  des  mots 
MIC  provenant  du  conférencier  respectif,  et  dimi- 
nue  avec  une  décroissance  de  l'amplitude  abso- 
lue  des  mots  MIC  provenant  du  conférencier 
respectif; 

la  détermination,  pour  chaque  conférencier, 
des  deux  mots  parmi  les  N  mots  MIC  stockés  le 
plus  récemment  dans  le  moyen  de  mémoire  (24) 
qui  doivent  être  lus  par  choix  des  deux  mots  MIC 
correspondant  aux  deux  codes  d'intensité  sonore, 
excluant  le  code  d'intensité  sonore  pour  ce  con- 
férencier,  qui  ont  les  amplitudes  les  plus  grandes, 

l'insertion  d'atténuations  prédéterminées  (qui 
peuvent  être  nulles)  dans  les  deux  mots  MIC  lus 
dans  le  moyen  de  mémoire; 

la  sommation,  pour  chaque  conférencier,  des 
deux  mots  MIC,  ainsi  atténués,  et  la  sortie  de  la 
somme  MIC  résultante  sur  le  second  bus  MPT 
(38). 

32.  Procédé  selon  la  revendication  26,  la 
revendication  28,  la  revendication  30  ou  la 
revendication  31,  où  N  est  égal  à  six. 
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